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Abstract
A prototype tim bre morpher has been designed, developed, and evaluated. The prototype 
morpher is capable of adjusting the timbre of a source sound toward that of a target sound 
specifically in terms of its brightness, softness, and/or warm th, independently from other 
perceptual attributes, and provides a novel tool for sound design and composition.
A literature review revealed that several different paradigms of timbre exist. Consideration 
of the alternatives led to the conclusion that a multidimensional paradigm of tim bre, 
comprising attributes with both meaningful descriptors and specific acoustic correlates was 
the most suitable for the development of the tim bre morpher. In order to develop the  
prototype morpher, a range of attributes with spectral, temporal, independent, and 
overlapping acoustic correlations was required. The most suitable candidate attributes 
were brightness, softness, and warmth.
Various computer implementations of cross-synthesis, audio morphing, and sound 
hybridisation were investigated to inform the selection of a suitable platform for the  
prototype tim bre morpher. Spectral Modelling Synthesis was found to be the most suitable 
alternative, partly as a result of its fast processing speed.
Three iterations of the prototype morpher were developed in MATLAB, creating a complete 
system capable of selectively adjusting the acoustic correlates of each of the chosen timbrai 
attributes.
A review of literature relating to perceptual evaluation methodologies established that a 
combination of Multidimensional Scaling and Verbal Protocol Analysis was the most 
suitable approach with which to evaluate the prototype morpher. Through a series of 
listener evaluations involving stimuli created by the morpher, this approach, combined with 
a third quality control experimental stage, demonstrated that brightness, softness, and 
warmth can each be morphed independently of each other.
Using the procedures devised in this thesis, a complete morpher, controlling the full range 
of possible timbrai attributes, can now be developed, coded and evaluated.
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1. Introduction
1 Introduction__________________
This chapter introduces the motivation, main research questions, and subsidiary research 
questions investigated by this thesis. The structure of the thesis, previously published 
content, and a summary of main original contributions made by the work are also 
documented here.
This chapter is structured as follows:
1.1 Introducing audio and tim bre morphing
W hat is audio morphing?
W hat is a timbre morpher?
1.2 Research aims
W hat are the main research questions?
W hat subsidiary research questions are investigated by the thesis?
1.3 The structure of the thesis
How is the content of the thesis structured?
W hat are the intentions of each of the following chapters in the thesis?
1.4 Publications
Which portions of this thesis have been previously published?
1.5 The original contributions made by the thesis
W hat are the main original contributions made by the work, and where can they be 
found in the thesis?
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1. Introduction
1.1 Introducing audio and timbre morphing
This section of the report will firstly introduce and define audio morphing, and 
subsequently address the purpose and application of timbre morphing.
1.1.1 What is Audio Morphing?
Audio morphing (or sound hybridisation, as it is sometimes referred to) is a technique for 
creating a hybrid sound with characteristics derived from a source and a target sound. 
Current systems interpolate between the spectral, or spectral and temporal features of the  
source and target sound, to create a new feature set which can then steer synthesis of the  
hybrid sound (see Figure 1.1 for a generic signal flow diagram of the process).
Target
f  source f  
^feature set ^
target 
feature set
f  hybrid 7
W eaturesetl
Interpolation of 
Acoustic features
Analysis Analysis
Synthesis
V
/  Hybrid ~7 
/  Sound /
/  Output /
Figure 1.1 -  Generic Diagram of the Audio Morphing Process. The sound of the resultant 
hybrid from an audio morphing process is dependent not only on the source and target 
sounds, but also on the mathematical processes involved at the analysis, interpolation, and  
synthesis stages
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There are various types of audio morphing, including examples where the morph does not 
take all o f the features o f the target sound, or where the morph is carried out dynamically 
(particularly applicable to  speech processing) [1], A parallel can be drawn w ith the world of 
visual effects, where one image seamlessly changes shape (morphs) into the other, as 
shown in Figure 1.2 [2]
In a dynamic audio morph, one sound should seamlessly transition into another [3].
Figure 1.2 - A  photographic morph o f Leonardo’s Mona Lisa [2]. The central image is 
morphed -  it is not a crossfade, dissolve, or colour saturation, but rather, it has taken 
elements of the shape of both left and right images to create a new shape.
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Table 1.1 shows a visual analogy for different types of audio morph based on the feature  
set being used to control the process.
Source A Target Hybrid Type o f Visual 
'feature ' 
morphed
Guide 
equivalent 
audio feature
> X X Size of source increased to  that of target Amplitude
X X
Shape of 
source, left 
hand side of 
source A 
combined with 
right hand side 
of source B
Spectral Shape /  
Contour
-f X X Peaks, dominant shapes targeted  as hit points and linearly interpolated
Phase
Table 1.1 -  Visual analogy depicting morphing of different feature sets, conceptually 
equivalent to amplitude, frequency, or phase in an audio morpher.
A vocoder can be considered a subset of the generic sound hybridisation model, although it 
uses only the spectral shape or harmonic structure of the target sound, as in the second 
morph in Table 1.1. In a Tull' audio morph (i.e., when the amount of morphing specified is 
100%), the source sound ultimately becomes the target sound, including all of its acoustic 
features. Throughout this thesis, the expression "%morph" is used to indicate the am ount 
of movement that the source sound should make towards the target sound, either in full, 
or in the selected timbrai attribute, as desired by the end user.
1.1.2 Applications of audio morphing
Audio morphing is a signal processing technique commonly used for novel sound creation, 
with a variety of possible applications. Manufacturers of existing audio morphing tools [4],
[5] have proposed various applications that include:
• Speech or singing vocal manipulation, particularly for disguising or mimicking the  
vocal characteristics of other people (for example in computer games, if a player 
wishes to adopt an alternate identity)
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• Broadcast playback or 'DJ' use -  Generating smooth and innovative cross fades 
between complete stereo recordings
• Sound design - creating 'new ' instruments or sound textures w ith  the properties o f 
tw o source recordings. If combined w ith existing voice recordings this can also 
facilitate the creation of d ifferent types o f 'singing instruments', sim ilar to  Vocoding
An audio m orpher is unlikely to  be used by acousticians as it is essentially a creative tool
[6], Therefore, this project w ill focus on signal processing which is relevant and meaningful 
to the non-acoustician (musicians, sound designers, etc).
1 .1 .3  D e fin in g  a T im b re  M o rp h e r
Existing audio morphers tend to  o ffer the user a single control varying the amount o f 
movement from  source towards target sound. More advanced systems offer m ultiple 
controls, corresponding to  the amount of movement amongst independent acoustic 
attributes from  source to  target sound. A tim bre m orpher should expand on existing audio 
morphing by allowing users to  manipulate a single perceptual characteristic, or m ultiple 
perceptual characteristics, o f the output signal, whilst maintaining all other perceptual or 
acoustic characteristics o f the sound. This would allow a tim bre morpher to  include 
m ultiple controls corresponding to the movement of a range of independent tim brai 
attributes, as shown in Figure 1.3, making fo r an intuitive system that allows the end user 
to  shape the morph using 'musician-friendly' terms, fo r example; brightness, noisiness, 
warmth, or richness.
T im b r e  M o rp h e r
A
I--------------------------------1
1 1 1 1 1 1 1 I 1 1 I
75-/0 Brightness
1 I 1 1 1 1 1 ! I 1 1
3 5 %  | Noisiness
,— ---------f f f f  |1--------------------------------1
1 I I  1 i 1 1 1 1 1
5 0 % W arm th
1 1 1 ! 1 1 1 1 1 1 1
3 0 %  | I Richness w
j Preview  j Bypass Process
Figure 1 . 3 - A mock up o f a graphical user interface of a timbre morpher, indicating the type 
of terminology that this project would consider ‘musician friendly’.
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The distinction between acoustic and timbrai morphing is illustrated in Figure 1.4. In a 
simple morph, the source (A), becomes the target (B). All acoustic and timbrai attributes 
are morphed. In a split morph, some of the attributes are morphed, either through 
independent acoustic, or timbrai control.
A adopts some 
characteristics of B, 
allowing user to control 
these characteristics
Split Moroh
A adopts:
Fundamental of B 
-Adapted SM S [100]
Spectral shape of B 
- Vocoder [88,89]
Partial/Residual of B 
- SMS [98,99]
Acoustic Control
A adopts:
Warmth of B 
Brightness of B 
Fullness of B 
Richness of B 
Noisiness of B 
Loudness of B 
Width of B 
Darkness of B...
Timbrai Control
A becomes B. All acoustic (and 
timbrai) features interpolated. Little 
user control.
Simple Morph
Figure 1 .4 -  Family tree illustrating different types of morph and the characteristics they 
control.
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A tim bre morpher should allow the user to control any selected timbrai a ttr ib u te d  in order 
to create a new, morphed sound feature set, w ithout affecting the other timbrai or acoustic 
attributes, as well as a full morph of every attribute, and a morph of everything except the  
selected attribute. These distinct types of morpher are shown in Figure 1.5.
Figure 1 .5 -  Selection of any given timbrai attribute could lead to three different types of 
timbre morph.
This definition of a tim bre morpher should not be confused with one or tw o existing 'tim bre 
morphers' which treat the acoustic characteristics of a sound, apart from those correlated 
with loudness and pitch, as a complete and total control for tim bre [7] [8] -  the focus of 
this project is on specific, individual control of any intended timbrai attribute (or number of 
timbrai attributes), rather than on a loudness-and-pitch-exclusive morph of all the  
remaining acoustic features that facilitates a change in overall tim bre1.
Although the above definition of a timbre morpher could, if the concept is proven, 
theoretically manipulate the tim bre of complete stereophonic recordings and other 
complex signals, this thesis limits the work to proof-of-concept with single note and 
instrument timbres. Therefore the overarching intention of the timbre morpher 
documented in this thesis is to evaluate w hether selected monophonic source signals might 
have their timbrai characteristics parameterised and adjusted towards those of a target 
signal via the morpher.
1 Whilst the extraction of temporal features as a separate feature for time aligned 'timbre morphing' 
by some researchers [9],[10] is close in spirit to the nature of this work, the difference of approach 
here is an intended morphing control of multiple timbrai attributes, as well as, but not exclusively 
'overall timbre'.
Source Sound Target Sound 
(B)
< - - > •
v
Morph 
Everything 
Apart from 
selected 
Timbrai 
attribute
Morph selected 
Tlmral attribute 
Only
Morph
Everything
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1.2 Research aims
This section introduces the main and subsidiary research questions of the thesis. The long­
term  goal of this project is the implementation of a perceptually configured audio 
morphing interface, thereby creating a timbre morpher, as defined in section 1.1.3. This 
work should then be ultimately applicable to other psychoacoustically concerned signal 
processing tasks, such as metering specific timbrai attributes in recorded or performed 
sound, or dedicated timbrai control of sound synthesis for entirely novel sound creation.
1.2.1 Main research questions
The main research questions of this thesis are:
• Is the concept o f a timbre morpher as a means o f manipulating a range o f discrete 
tim brai attributes between two sounds viable? How can timbre be morphed 
independently o f other sonic characteristics?
(developing the timbre morpher)
• W hat is a rigorous, but practical way o f perceptually evaluating the developmental 
iterations o f a timbre morpher prototype, and w hat m ight be the best way o f 
evaluating a complete timbre morpher in the future?
(evaluating the timbre morpher)
The approach to manipulating individual timbrai attributes and the procedure for 
psychoacoustic evaluation of new morph types within a tim bre morpher form the bulk of 
the work.
1.2.2 Subsidiary research questions
Subsidiary research questions tackled by this thesis when developing the tim bre morpher 
include:
• W hat is timbre?
• W hat is a 'timbrai attribute'?
• Which attributes could/should be implemented in a timbre morpher?
• W hat is an 'acoustic correlate'?
• W hat are the known acoustic correlates of timbrai attributes
• W hat is a 'timbrai metric', and how many timbrai metrics exist?
• Are timbrai metrics desirable, or essential, when specifying a tim bre morphing 
platform?
• W hat are the existing paradigms of timbre, and what are the various applications of 
these paradigms?
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• W hat are the criteria for a suitable paradigm on which to base the tim bre morpher? 
Which paradigm best satisfies these criteria?
• W hat systems for morphing exist?
• How do existing systems for morphing work?
• W hat are the criteria for a suitable platform on which to base a tim bre morpher?
• Which, if any, of the existing systems fulfils these criteria?
Subsidiary research questions tackled by this thesis when evaluating the tim bre morpher 
include:
• How might a prototype system for tim bre morphing be evaluated?
• Which, if any, of the existing methods for quantifying and describing timbrai 
changes is most suitable for evaluating the tim bre morpher?
• How should the evaluation process be specified and carried out (what combination 
of stimuli and experimental procedure is appropriate?)
• Can a single timbrai attribute be morphed independently of other sonic 
characteristics?
• Can multiple timbrai attributes be morphed independently of each other, and all 
other sonic characteristics?
• W hat further work, outside the scope of this thesis, would be advisable?
1.2.3 Research process followed by this thesis
In order to design and test a prototype tim bre morpher, an iterative approach has been 
used in this project. Firstly, a routine for morphing a single timbrai attribute was designed 
and evaluated by listener testing, then a second complementary attribute was included in 
the system, before a third overlapping attribute was implemented and evaluated against 
the other tw o attributes. The selection of suitable attributes was informed by existing 
research documenting the nature of timbrai attributes, particularly with reference to the  
known acoustic correlation of each attribute, and the applicability of possible attributes to  
the intended end-user base: musicians, engineers, and sound designers.
A diagram of the research process undertaken is shown in Figure 1.6.
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Why morph
timbre?
What is 
Morphing?
What systems 
for morphing 
(or something 
similar) exist?What is 
Timbre?
Define timbrai attribute, 
acoustic correlate, and 
timbrai metric
How is 
morphing 
done
What types of 
analysis are 
used?
Which timbrai 
paradigm(s) 
are appropriate 
to the project?
What types of 
resynthesis are 
used?
Which 
attributes could 
be useful or 
practical to 
orph?
What 
platforms could 
be adaptable 
to timbrai 
ntrol?
What are 
the criteria for 
useful or 
practical 
attributes?
What are the 
criteria for a 
suitable 
platform?
What is the best way 
to try to implement a 
timbre morphe
how can the 
chosen attribute 
(s) be adapted 
to perceptual 
control?
Attribute
Choices
Platform
ChoicesAcoustic
metrics?
prototype
system
Does it work?
Listener
feeing What methods 
of establishing 
perceived 
dimensions 
within a stimuli 
set exist?
Aim: To quantify 
dimensionsWhat are the 
criteria for an 
appropriate 
testing method? Aim: To describe 
dimensions
How can existing 
methods of listener 
testing be adopted 
or expanded to 
satisfy the criteria?
Stimulus set 
choices
Experimental
proceedure
Was the 
prototype 
successful?
any further 
work?
Figure 1 .6 - A  diagram of the research process explored by this thesis. Thought ‘bubbles’ 
denote research questions, rectangles denote expected outcomes.
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1.3 Structure of the thesis
This section documents the structure of the remainder of the thesis.
'W hat is timbre?' (Chapter 2), provides an overview of existing research into the nature of 
tim bre, including definitions for terminology used throughout the thesis, such as timbrai 
paradigm, acoustic correlate, and timbrai attribute. Timbrai attributes and their known 
acoustic correlations are documented and compared here, with suitable timbrai attributes 
highlighted for future inclusion within the timbre morpher.
'Suitability of Existing Platforms' (Chapter 3), provides an overview of existing audio 
morphing research, discussing prominent systems in some detail, with a view to selecting 
the most appropriate existing platform on which to base the tim bre morpher. Although a 
wide variety of audio morphing (or conceptually similar) platforms exist, three particular 
platforms are detailed with reference to the essential and desirable criteria that a suitable 
platform should fulfil.
In 'Specifying and testing a generic tim bre morpher' (Chapter 4), possible methods for 
adapting the selected platform to timbrai control are discussed, including various methods 
for dealing with unintended perceptual overlap that might be caused by the tim bre  
morpher. A suitable strategy for dealing with perceptual overlap is proposed for evaluation 
in a pilot system. A variety of methods for listener evaluation are also considered here, and 
a hybrid procedure, combining statistical and verbal data is put forward.
The pilot iteration of the timbre morpher is documented in 'Morphing brightness' (Chapter 
5). The relevant characteristics of source and target signals are combined to determ ine the  
perceived brightness of a hybrid signal, using a variety of synthesized input signals. The 
brightness morpher is then evaluated using the procedure detailed in Chapter 4. 
Modifications to the procedure are suggested and carried forward to tw o subsequent 
iterations of the tim bre morpher.
'Morphing softness' (Chapter 6) documents the second iteration of the tim bre morpher, 
which compares the control of spectrally and temporally correlated timbrai attributes. A 
preliminary experiment is documented, evaluating the suggested acoustic correlates of 
softness. The softness morphing routine is then designed and evaluated by listener testing 
with a stimulus set comprising new hybrid signals generated from synthesized input signals 
similar to those used in the brightness experiments.
'Morphing warm th' (Chapter 7), documents the final iteration of the tim bre morpher. Here, 
an overlapping timbrai attribute is adjusted alongside each of the existing timbrai controls. 
The addition of a third attribute necessitates various changes to the experimental 
procedure and tw o alternative variations are evaluated directly. This chapter also 
documents a quality control experiment that makes use of 'real-world' instrument source 
signals, as well as synthesized source signals in the generation of its hybrid stimulus set. A 
complete procedure for evaluating new attributes within the tim bre morpher is then 
proposed and illustrated.
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1.4 Publications
This thesis contains portions of work previously published in the following:
• D.Williams & T.Brookes, 2007, "Perceptually motivated audio morphing: 
brightness" 122nd Audio Engineering Society Convention, Convention Paper 7035.
o Chapter 4 and Chapter 5 contain some portions of this work, including the 
complete findings of the first brightness morphing experiment.
• D.Williams & T.Brookes, 2009, "Perceptually motivated audio morphing: softness" 
126th Audio Engineering Society Convention, Convention Paper 7778.
o Chapter 6 of this thesis contains some portion of this work, including the  
complete findings of the preliminary and main softness morphing 
experiments.
• D.Williams & T.Brookes, 2009, "Testing a prototype timbre morpher". In 
Proceedings of the Digital Music Research Network One-Day Workshop, Queen 
Mary University of London, UK, 22 December.
o Chapter 5, 6, and 7, contain some portions of this work, including findings 
and recommendations of the warmth  morphing experiments.
• D.Williams & T.Brookes, 2010, "Perceptually motivated audio morphing: warm th". 
128th Audio Engineering Society Convention, Convention Paper 8019.
o Chapter 7 contains some portions of this work, including the findings of the  
main warmth  morphing experiments
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1.5 Original contributions
The principal contributions made by this thesis, and their location within it, are listed here:
• An adapted paradigm of tim bre has been developed as a novel combination of 
different views of tim bre, as a paradigm from which timbrai attributes should be 
selected for inclusion within the tim bre morphing platform (see Chapter 2)
• The most appropriate existing platform for the development of a tim bre morpher 
has been determined (see Chapter 3)
• Techniques for morphing stimuli in several independent timbrai dimensions have 
been developed, tested and shown to be effective (see Chapters 5, 6, and 7).
• A tim bre morpher, as specified in Chapters 1, has been confirmed (see Chapters 5, 
6, and 7) as viable through listener evaluation of morphed stimuli.
• A generic procedure for rigorous evaluation of new attributes within the tim bre  
morpher has been designed (Chapter 4), piloted (Chapter 5), further evaluated, and 
revised (Chapters 6 and 7). This procedure uses a combined statistical and verbal 
approach to evaluate stimuli morphing across specific attributes from the adapted 
timbrai paradigm.
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1.6 Summary
Audio morphing is a technique for creating a hybrid sound with characteristics derived from  
both a source and target sound. In an audio morpher, a source and target sound are 
analysed, and a specification of some form of acoustic middle ground determ ined. This 
specification is used as a feature set from which a hybrid signal is synthesised. Audio 
morphing has applications in speech and singing voice manipulation, broadcast and DJ 
playback, and novel sound design.
A tim bre morpher is a system for audio morphing which is adapted to allow the user to  vary 
individual timbrai characteristics between the source and target sounds. A tim bre morpher 
should allow the user to create a new sound feature set, w ithout affecting unintended 
timbrai or acoustic attributes of the source sound.
The main research aims of this thesis are to determ ine the viability of a tim bre morpher, to 
devise an approach to creating one and to develop a procedure for evaluating it. Subsidiary 
research aims of this thesis are to devise a timbrai paradigm appropriate to tim bre  
morphing, to determ ine the most appropriate platform on which to build a prototype 
tim bre morpher, to identify appropriate test methods for inclusion in a morpher evaluation 
process, and to devise methods for morphing single and multiple timbrai attributes.
14
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2 What is Timbre?_______________
This chapter is informed by literature investigating tim bre. The overall aim of the chapter is 
to define the terminology of tim bre on which the project will be based, and to specify the  
most relevant timbrai approach, in terms of paradigm, attribute, and metric, for the future  
implementation of a tim bre morpher.
This chapter aims to answer the following research questions:
2.1 Timbrai Paradigms
W hat are the existing definitions of timbre?
W hat are the existing paradigms of timbre?
W hat applications are the various paradigms suitable for?
W hat are the criteria for an appropriate timbrai paradigm upon which to base a 
tim bre morpher?
Is there an appropriate existing paradigm which fulfils these criteria?
2.2 Timbrai Attributes
W hat is a timbrai attribute?
W hat are the existing timbrai attributes?
W hat is an acoustic correlate, and which timbrai attributes have known acoustic 
correlates?
Is there any overlap, agreement, or disagreement, amongst existing timbrai 
attributes, in terms of descriptors and acoustic correlates? W hat are the implications 
of any overlap in the context of designing a tim bre morpher?
Can any existing relationship or overlap between timbrai attributes be illustrated?
W hat makes a timbrai attribute im portant or relevant to the current project?
. 2.3 Timbrai Metrics
Which metrics of timbre exist? Are the metrics and units of tim bre in agreement?
Are timbrai metrics desirable, or essential, for inclusion within the tim bre morpher?
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2.1 Timbrai Paradigms
This section will examine timbrai paradigms, with a sub-section addressing each research 
question.
2.1.1 What are the existing definitions of timbre?
The American Standards Association (ASA)2 defines timbre as "... that attribute of sensation 
in terms of which a listener can judge that tw o sounds having the same loudness and pitch 
are dissimilar" [12]. This definition is a contentious starting point, as it defines w hat tim bre  
'is not', rather than what tim bre 'is'. An additional problem is that, according to the ASA 
definition, an unpitched sound such as that of rustling leaves would have no tim bre [13]. A 
more satisfactory definition is given by Pratt and Doak, [14], as the sensation "whereby a 
listener can judge that tw o sounds are dissimilar using other criteria than pitch, loudness or 
duration".
2.1.2 What are the existing paradigms of timbre?
Research defining tim bre more specifically than the ASA definition, often examines the  
acoustic changes that correlate to a change, or series of changes, in tim bre. Each of the  
researchers whose work is discussed in this section subscribes to the idea that tim bre is a 
way of distinguishing or describing sound.
2.1.2.1 ‘Single correlate’ view of timbre
Older research tends to subscribe to the view of timbre as a perceptual attribute of sound 
with a single verbal, or acoustic, correlate. The single verbal correlate is usually simply 
'tim bre' [12], [15], but can also be 'quality', or 'colour' [16]. Schouten et al refined their 
definition of tim bre to exclude spatial, musicological, or environmental factors (such as 
reverberation) [17]. The single acoustic correlate may also vary, for example, 'spectrum' 
[18], 'partial characteristics' [14], or 'harmonicity' [19] -  but these terms overridingly 
define tim bre in terms of the sound(s) spectra. This research is similar enough in its 
approach to tim bre to be grouped together as a timbrai paradigm, where paradigms are 
differentiated from one another in terms of their method for defining tim bre.
2.1.2.2 ‘Perceptual bin’ view of timbre
A second paradigm is the 'perceptual bin', where unquantifiable terms are placed by 
researchers. Here, timbre is considered to be everything that contributes to the perception of 
sound apart from pitch and loudness. This is typified by the ASA definition of tim bre [12] 
described previously.
The 'perceptual bin' paradigm implies that tim bre comprises multiple attributes. The 
number and nature of these attributes, and their interaction and overlap, is the focus of 
tw o further paradigms, 'multiple verbal descriptors' and 'multiple acoustic correlates'
2 Note that the dictionary definition [11] of timbre is generally derived from the ASA definition
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paradigms. When discussing the contribution of harmonic overtones, attack, and noise 
content to tim bre, Pellman [20] provides a summary of various adjectives used to describe 
tim bre, categorizing timbre by relating stimuli to listeners previous experience of musical 
instruments: bright, dark, mellow, hollow, pure, raspy, breathy, hoarse, smooth, abrupt, 
sharp, gentle, easing. Multiple verbal descriptors, such as these, can be used by the  
'multiple verbal descriptors' and 'multiple acoustic correlates' paradigms, amongst which 
there is some degree of crossover.
2.1.2.3 ‘Multiple verbal descriptor’ view of timbre
Traube et al conducted various experiments using only verbal descriptors, specifically in 
relation to string instruments, suggesting that "to establish perceptual analogies, it is not 
necessary to find strong similarities between the structures of the acoustic systems" 
[21],[22], Musicians were instead asked to define 10 adjectives to describe tim bre, along 
with synonyms, antonyms, and a method of achieving the described timbres. The results 
were used to create an 'articulatory tim bre space' showing verbal groupings of the  
adjectives. This can be considered a third paradigm, the 'multiple verbal descriptor' 
paradigm, wherein timbrai terms (such as light, dark, bright, warm and so on), are 
approached in terms of verbal differentiation, where listeners are asked to describe given 
sounds, and any overlap amongst the timbrai adjectives found is documented 
[23],[24],[21], allowing for the creation of a multidimensional model of tim bre. This 
procedure typically involves using 'real-world' stimuli and asking a listening panel to  
describe what they have heard in their own words.
2.1.2.4 ‘Multiple acoustic correlate’ view of timbre
In a related paradigm, the 'multiple acoustic correlates' paradigm, the timbrai attributes of 
stimulus sounds are quantified through listener testing with single, multiple, or multiple 
and  overlapping acoustic correlates [25],[26], in order to define timbre as a perceptual 
attribute of sound, comprised of multiple acoustic attributes. [27-31]. Often, the cognitive 
distances between listener judgments about stimulus sounds are scaled to create a 
multidimensional space, within which which dimensions can then be interpreted as timbrai 
descriptors.
The acoustic correlates of timbrai descriptors determined by these approaches include:
• Harmonicity [32-34]
• Formant structure -  Grey/Gordon [29] note, "one hears the tones switch to each 
others vowel-like color but maintain their orig inal... attack and decay". [35]
• Spectral energy distribution [29],[32],[36]
• Spectrotemporal variations (amplitude envelope and spectral change over tim e) 
[29],[36],[37]
The reader is referred to section 2.2 of this chapter for details regarding acoustic metrics, 
and their perceived correlations. It is im portant to note that although both the 'multiple
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acoustic' and 'multiple verbal' paradigms use listener testing, one asks the listeners to 
describe the timbrai changes directly -  no statistical dimensional analysis is used. The other 
asks listeners to compare timbrai changes (usually rating similarity on an unlabelled scale) 
and then applies dimensional analysis to the listener responses to determ ine the nature 
and direction of timbrai movement in the changes. Some acousticians see tim bre as a 
combination of multiple acoustic correlates on independent, or related axes (for example, 
spectral energy distribution, timing of attack and decay, inharmonicity of attack portion 
etc) [28],[29].
2.1.2.5 ‘Musicological’ view of timbre
Gabrielsson was involved in a study on speech and music [38]. In the study, audio 
recordings, which had been subject to various frequency modifications, were played to a 
listening panel, before being rated for sound quality and intelligibility of speech. In order to  
establish the acoustic correlates of performance timbres, Gabrielson asked listeners to  
describe short melodies in terms of their emotional impact and performance. Bresin [39] 
and Gabrielsson have also carried out several studies as to what acoustic or timbrai 
descriptors make up emotive musical performances [40-42]. The basic experimental 
procedure is to instruct professional musicians to perform on their respective instruments 
(violin, guitar, voice, and flute in Gabrielsson's case), with the intention of communicating 
specific emotional characters to the listening panel. The stimulus set is then analysed 
acoustically to determine which spectral and tem poral characteristics could be shown to 
contribute to the elicited attributes, thereby arriving at a similar model to the  
'measurement' approaches. [36],[43].
There is a fifth, musicological paradigm, loosely related to Gabrielsons' performance based 
tim bre research, whereby musical terms could be considered as the distinguishing 
attributes of a sound's timbre. For example, tw o passages comprised of the same notes, 
but played in a different rhythm, could be acoustically the same (in terms of pitch, and 
loudness), but differentiable by their performance, equating to a change in tim bre  
according to the ASA definition of timbre. Examples of this type of timbrai attribute could 
include staccato (detached, or rather, detachedness), espressivo (expressively, or 
expressiveness), or giocoso (playful, or playfulness). Furthermore, some musical attributes 
can share nomenclature with acoustically derived timbrai attributes in the 'multiple 
acoustic correlates' paradigm, for example, softness {pianissimo). Whilst this musicological 
paradigm could well be adaptable to a musical performance morpher, the focus of the  
current project is to morph individual sounds, rather than the groups of sounds which 
different performance timbres can be extrapolated from . Therefore, this paradigm will be 
ignored in the current project, but could prove an interesting pathway for future work.
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2.1.2.6 Summary of existing timbrai paradigms
Figure 2.1 illustrates the changing views of tim bre listed in this section, and their possible 
interrelationships.
Timbre = 
spectrum? Helmholtz
Timbre = partial 
characteristics? Olsen
Timbre = 
harmonicity?
g ,, ,H ,,.,
Seashore
ASA
Timbre = sound - (pitch+ioudness)
Pratt/Doak
Pellman
Verbal descriptors Acoustic correlates
TraubeHandel
Schouten
EricksonBerger
Quantify acoustic correlates by 
experiment /  acoustic analysis /  
factor analysis
Plomp
Gabrielsson
ZwickerTerhardt FastiEmotional
expression
Quantify acoustic correlates and 
timbre space through similarity 
ratings and multidimensional fit
Bresin
Wessel Lakatos Greya t tc  Grey
Grey and Gordon Krumhans| 
McAdams
Figure 2.1 - Relationship between known timbrai paradigms and research(ers).
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2.1.3 What applications are the various paradigms suitable for?
Figure 2.2 shows the possible hierarchical nature of the existing timbrai paradigms -  each 
paradigm breaking tim bre down into more of its constituent parts. The first level describes 
tim bre with a single label. Subsequent levels attem pt to define timbre as a 
multidimensional property of sound, either implicitly, as in the perceptual bin; or explicitly, 
through listener testing combined with acoustic analysis, or purely verbal listener 
responses.
Timbre - a way of 
distinguishing 
between sound(s)
Single
verbal
correlate
Single
acoustic
correlate
Perceptual 
bin' - not 
pitch or 
loudness
Multiple 
verbal 
descriptors /  
correlates
Multiple 
acoustic 
correlates /  
dimensions
Figure 2 .2  -  Hierarchy of timbrai paradigms.
The 'single correlate' paradigm is a simplistic view of tim bre, which works well for 
musicologists but is not particularly useful for acousticians. This paradigm does not attem pt 
to subdivide timbre into multiple dimensions, descriptors, or acoustic parameters.
The 'perceptual bin' paradigm is often the starting point for any discussion of tim bre, and is 
the definition many researchers initially reference. This paradigm acknowledges the  
multidimensional nature of tim bre through its inclusive approach to the definition, but it is 
a negative definition, defining tim bre only in terms of what it is not. The 'musicological 
paradigm', in which timbre is distinguished by musical terms, such as staccato, espressivo, 
giocoso etc [40], is essentially a product of the 'bin' approach, whereby tw o passages can 
be distinguished from one another although they might otherwise be equal in terms of 
pitch and loudness.
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The 'multiple verbal descriptor' paradigm is more useful to both acousticians and 
musicians, aiming for the perception of tim bre in both sound and music to be described in 
terms of non-overlapping, useful vocabulary. The aim of this paradigm is to create an 
'articulatory tim bre space' showing verbal groupings of listener responses, informed by 
experiments asking listeners to describe the sounds they hear.
The 'multiple acoustic correlate' paradigm is investigated by researchers in one of two  
ways - either sounds are analysed acoustically, or acoustic parameters are modified and 
analysed for timbrai movement by subsequent listener testing. Unlike the 'verbal 
differentiation' paradigm, these experiments aim to establish the contribution of acoustic 
properties to the perception of overall timbre; through dimensional analysis, which shows 
the contribution of specific acoustic parameters to timbrai dimensions, and their 
correlation to many overlapping verbal descriptors. By relating to verbal descriptors, this 
type of research can ultimately be useful to the non-acoustician. This paradigm could 
incorporate the verbal descriptors of the 'multiple verbal descriptor' paradigm, but in 
practice it rarely uses such a large range of descriptors. There is no reason why it could not 
be adapted to plot every possible descriptor against its acoustic correlates.
2.1.4 What are the criteria for an appropriate timbrai paradigm?
In order to decide which paradigm is appropriate for the tim bre morpher, it is necessary to  
consider the essential criteria a timbrai paradigm should satisfy. Timbre is a wide reaching 
term , which has been shown to have several different acoustic and perceptual attributes. A 
tim bre morpher should allow the end user to control at least some of these (and ultimately 
allow control over all, or as many attributes as are desired) -  a single 'Timbre' control 
would not be sufficient. An appropriate timbrai paradigm should therefore incorporate 
multiple attributes within the definition of tim bre, each contributing to the overall timbre. 
Ultimately, the morpher will create hybrid sounds by acoustic manipulation of analysed 
source and target signals. The morpher is aimed at an end-user base of musicians, sound 
designers etc. Some paradigms use unlabelled timbrai dimensions, and some use 
descriptions which are relevant to the acoustician but less so to musicians. A useful 
paradigm should therefore utilize meaningful perceptual labels for individual timbrai 
attributes, or at least be adaptable to such labels.
2.1.5 Is there an appropriate existing paradigm which fulfills the criteria?
The essential criteria for a useful paradigm are referenced against the five known 
paradigms in Table 2.1.
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Criteria Unidim. 'Bin' M ultip le
verbal
descriptor
M ultip le
acoustic
correlate
Musicological
Definition of
timbre
incorporates
multiple
attributes
contributing
to overall
perception of
timbre.
No Yes, but not 
explicitly
Yes Yes Yes, but might 
not encompass 
all contributing 
attributes
Paradigm has 
acoustic 
definitions or 
metrics for 
tim bre
Yes
(sometimes)
Yes
(sometimes)
Yes, but 
only if 
adapted by 
means of 
subsequent 
acoustic 
analysis
Yes No
Paradigm has 
meaningful 
perceptual 
labels for 
individual 
timbrai 
attributes, or 
is adaptable 
to such labels
No No Yes Yes, but 
only if 
labelled by 
subsequent 
verbal 
elicitation
No -  mainly 
terms derived 
from groups of 
notes,
instruments, or
performance
style
Table 2.1 -  Distinguishing criteria of existing timbrai paradigms and their suitabilities for 
timbre morphing
The multiple acoustic correlate paradigm almost meets the criteria but does not explicitly 
include meaningful perceptual labels for individual timbrai attributes. However, by means 
of listening tests these perceptual labels can be added [43]. The addition of meaningful 
perceptual labels to the multiple acoustic correlate paradigm would create an 'adapted  
paradigm' that fulfils all of the criteria for a paradigm on which to base a tim bre morpher.
The multiple verbal descriptor paradigm, also, almost meets the criteria but does not 
explicitly include acoustic definitions for individual timbrai attributes. Some researchers 
[21],[22], have carried out acoustic analysis of timbal variations to stimuli in this paradigm. 
This provides an alternative route to the adapted paradigm described above, and it is a 
useful approach when analysing the acoustic contribution to tim bre of real world signals 
(for example, it has been used to quantify various timbrai descriptors of classical guitar 
sound and performance).
W hether the multiple acoustic correlate paradigm or the multiple verbal descriptor 
paradigm is taken as the starting point, the adapted paradigm satisfies the essential criteria
22
2. What is Timbre?
for a morpher -  it incorporates multiple attributes, has acoustic definitions or metrics, and 
can be labelled meaningfully by means of descriptive metaphors. The adapted paradigm is 
therefore the most applicable to the tim bre morpher, and any timbrai attributes to be 
included should be a mem ber of this paradigm. The adapted paradigm is already populated 
by a small number of timbrai attributes (see Table 2.4) but, in the future, it should ideally 
be expanded to include as many timbrai attributes as possible.
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2.2 Timbrai Attributes
When asked to describe a sound, a musician might use a combination of direct or 
metaphorical language [43], "The bass is wooly", "Baroque sounding", "The kick drum is 
hard", "The guitar is very harsh" [44]. Timbre is a perceptual attribute of sound [12], which 
can be expressed, at least partially, by various adjectives ('timbrai descriptors' or 'timbrai 
attributes'), some of which overlap [27]. Furthermore, some of these timbrai attributes 
have been correlated with specific acoustic properties by a combination of signal analysis 
and listener tests [17]. This section will include a full review of timbrai attributes, and what 
is known of their acoustic correlates.
2.2.1 What is a timbrai attribute?
For the purposes of this project, the term  'timbrai attribute' shall be taken to mean a sonic 
characteristic which can be described by a single verbal descriptor (timbre can also be 
described using visual analogies [45]) which existing researchers have shown contributes in 
whole or in part to the listener's perception of sound tim bre [46],[47]. This could include 
acoustic cues used as descriptors, or 'musician-friendly' descriptors. Timbrai attributes 
directly addressing spatial, musicological, or environmental factors (such as reverberation), 
as per the definition of tim bre refined by Schouten et al [17], shall be excluded for the  
purposes of this project.
2.2.1.1 What are the existing ‘acoustic’ timbrai attributes?
An acoustic timbrai attribute is a verbal descriptor of some part of tim bre that is expressed 
in terms of acoustic cues (perhaps only meaningful to acousticians) rather than by 
generally-meaningful descriptors (i.e. the attribute lies within the multiple acoustic 
correlate paradigm).
Timbre can be shown to correlate to specific acoustic cues through signal analysis, 
following perceptual measurement or labelling. These attributes have been universally 
shown to relate to some combination of spectrum and amplitude envelope, such as [48]:
• Onset synchronicity
• Onset centroid
• Noisiness
• Pitch strength
• Spectral flux
• Amplitude envelope
• Spectral centroid
• Spectral deviation
• Spectral density
• Onset time
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A comparison of some of the multidimensional models created from acoustic attributes is 
shown in Table 2.2. It has been stated that different stimulus sets will give rise to different 
timbrai dimensions [35]. This implies that under the umbrella of 'tim bre7 as a whole, there  
are probably more than three dimensions, although there is considerable similarity 
between each of the dimension labels in the models shown.
Researcher(s) Axis 1 Axis 2 Axis 3 Notes
[29] Spectral
energy
distribution
Attack
synchronicity/ 
rate of spectral 
change
Amount of 
inharmonic 
sound in attack 
/  Attack 
centroid
A change in spectral 
energy distribution 
should produce a 
corresponding change 
in spectral centroid 
(the source sounds in 
this experiment were 
synthesized musical 
tones).
[37],[49] Spectral
centroid
Spectral 
centroid of 
onset in 
amplitude 
envelope
Amplitude 
envelope 
(specifically 
sustain and 
decay in sounds)
Iverson and Krumhansl 
used different axes in 
order to establish 
whether amplitude 
envelope was 
im portant to the  
perception of tim bre.
[50],[51] Spectral
Centroid
Amplitude
envelope
Spectral
flux/deviation
[48] Spectral
Centroid
Spectral flux Onset tim e
Table 2 .2  - A comparison of some of the acoustic labels used to describe multidimensional 
models of timbre
2.2.1.2 What are the existing ‘meaningful’ timbrai attributes?
Lists of meaningful timbrai attributes (i.e. those lying within the multiple verbal descriptor 
paradigm) do exist [52], including direct sound descriptors, onomatopoeia, and some 
perceptual descriptors. However, it is often the case that these perceptual descriptors 
reflect attributes which overlap both in terms of vocabulary (for example, rumbling, 
thundering, booming), and/or their known acoustic correlates. In order to establish a 
comprehensive list of attributes and known correlation for the tim bre morpher, a literature 
review of academic publications dealing with tim bre, and popular publications showing 
explicit reference to tim bre and acoustic correlates, and general audio perception 
publications, was undertaken. A list of timbrai attributes referred to by existing research is 
shown in Table 2.3.
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Tim brai attribute Researcher(s)
Airiness [53],[54]
Boldness [55],[53]
Breathiness [56],[53]
Brightness [21],[22],[43],[47],[57]
Clearness [58],[59] [60]
Colourful/Colourless [18],[35],[61-63]
Darkness [20],[64]
Deepness [53],[65]
Dullness [47], [53], [61],[62],[66]
Fullness [23],[41],[61],[62],[67]
Gentleness [47],[68]
Hardness [37], [42], [48], [49],[64]
Harshness [23],[43],[47],[53],[54]
Heaviness [69]
Hollowness [58],[70]
Metallicness [43]
Muddiness [54]
Nasalness [47],[53],[54],[71]
Noisiness [53]
Plucked-ness [43],[53]
Punch I ness [53],[54]
Richness [16], [41],[64],[66],[72]
Roughness [26],[73-75]
Roundness [53]
Sharpness [26],[61],[63]
Smoothness [16],[48],[55],[76]
Softness [32],[47],[77],[78]
Solidness [43],[53]
Sweetness [53],[54]
Thickness [43],[53],[54]
Thinness [47],[79]
Warmth [14], [54], [55], [58], [77], [78]
Windiness [53]
Woodiness [43]
Wooliness [53]
Table 2 .3  -  A table showing timbrai attribute / researcher(s)
On closer examination of the timbrai attributes shown in Table 2.3 various discrete 
categories can be found, wherein the timbrai descriptors are either informed by the  
physical properties of the instrument, or by the performance style of the musician, or 
by other sensual analogies (visual, tactile, gestatory, etc). Whilst not mutually exclusive, 
the categories do provide an idea of how these metaphors and analogies can be useful to  
the musician as timbrai attributes.
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Descriptors such as metallic, or hollow  might be extracted by the listener from the physical 
properties of the instrument producing the sound - for example, a cymbal might sound 
metallic, or a reed instrument hollow. Punchy, gentle, breathy, bold et al are likely to be 
extracted from the performance of the musician. Muddy, clear, and warm  could all be 
derived from sensual analogies (visual in the case of muddy and clear, and tem perature in 
the case of warm).
2.2.2 What is an acoustic correlate, and which meaningful timbrai attributes 
have known acoustic correlates?
For the purposes of this project, the term 'acoustic correlate' shall be taken to mean any 
acoustic property, or combination of properties, shown to correspond to the listener's 
perception of a specific timbrai attribute, group of attributes, or timbre as a whole 
[66],[80].
Examples of some timbrai attributes which have been investigated in order to determ ine  
their acoustic correlates include brightness [81], which is also shown to be correlated with 
sharpness [61],[62], roughness [73],[75] which is also correlated with smoothness and 
harshness [20],[72], and warmth  [47].
Table 2.4 shows timbrai attributes against known or discovered acoustic correlates. W here  
one researcher disagrees with another over the acoustic correlates of a given timbrai 
attribute, this appears as a separate entry in the table and is discussed in sections 2.2.3.1 - 
2.2.3.5.
Timbrai
Attribute
Acoustic Correlate(s) Direction of acoustic 
movement required to 
increase specified timbrai 
attribute?
Researcher
Boldness Dynamic range, onset 
energy
Increase onset energy, 
decrease dynamic range
[55]
Breathiness Fundamental amplitude 
against noise content 
(aspiration noise), spectral 
slope;
Increased noise/fundamental 
amplitude in overall energy
[56]
Brightness Spectral centroid, 
fundamental frequency
Increased spectral
centroid/fundamental
frequency
[57],[81]
Spectral centroid, opposite 
of flutey/dull
Increased spectral
centroid/fundamental
frequency
[47]
Physical model -  plucked 
close to bridge or nut 
(guitar)
[21],[22]
Spectral centroid and 
spectral width
Increased spectral centroid and 
spectral width
[62],[82]
Spectral centroid Increased spectral centroid [83],[81]
Clearness, Number of harmonics and Less harmonic amplitude in low [58]
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Clarity spectral slope frequency content of signal [58]
Strength of second 
harmonic
Decrease in strength of second 
harmonic with relation to first 
harmonic.
[60]
Spectral centroid Increase in spectral centroid [47],[59]
Dullness Spectral centroid, antonym  
of brightness
Lower spectral centroid [72]
Heaviness Noise to harmonic 
content, form ant structure 
to noise content, HF 
energy
Increase noise content and high 
frequency partials /  harmonics.
[69]
Richness Fluctuation of energy 
between adjacent partials
Increased fluctuation /  
increased energy between tw o  
partials
[72]
Roughness Aspers (beats between  
tw o partials of a sound), 
critical bands and partials 
above 6th harmonic
Increase in energy above 6th 
harmonic, see also richness
[26],[75]
Sharpness Spectral Centroid Increase spectral centroid [26],[61]
Smoothness Attack period, sustain 
duration
Increase attack period and 
sustain duration
[48],[55]
Rate of overlapping 
partials /  beat between 
overlapping partials, 
antonym of roughness or 
harshness
Decrease partial overlap /  
content above 6th harmonic
[72]
Softness Onset duration Decrease onset tim e /  attack 
envelope
[32],[80]
Inharmonicity Decrease inharmonicity in 
onset
[84]
Thinness Lower frequency spectral 
components
Decrease number and 
amplitude of low frequency 
components
[79]
Thickness Spectral bandwidth, range 
between tonal and 
noiselike character in 
attack portion
Increase spectral bandwidth, 
increase noiselike character in 
attack portion of sound
[48]
W arm th Spectral makeup, 
harmonic content
Increase amplitude of low 
frequency content
[55]
Spectral centroid and 
energy in the first three 
harmonics
Lower spectral centroid, 
increase energy of first three 
harmonics
[58]
Spectral centroid and 
spectral slope
Increase spectral s lope3 [14]
Table 2.4 -  A table showing timbrai attribute /  acoustic correlate /  researcher(s)
3 Specifying an increase of spectral slope should be taken to mean a decrease of amplitude in higher 
frequency content in the signal.
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2.2.3 Is there any overlap or disagreement, amongst existing timbrai 
attributes, in terms of descriptors and acoustic correlates?
Of the attributes shown in Table 2.4, both incongruence and overlap can be found amongst 
brightness, sharpness, clearness, warmth, and smoothness. These attributes will be 
considered in further detail in this section. In the future, work to reduce the range of 
known descriptors, perhaps down to those that are acoustically independent, and a 
subsequent set of those with acoustic overlap, would be useful.
2.2.3.1 Brightness
Brightness is often highly correlated with spectral centroid, or a combination of spectral 
centroid and fundamental frequency. It is worth noting that an increase of fundam ental 
frequency would probably, by definition, increase the spectral centroid, though a 
fundamental adjusted centroid has also been proposed, and discounted, as direct 
correlate of brightness [57]. As spectral centroid alone has been shown to be a good 
approximation for brightness, i.e. w ithout including fundam ental frequency as an acoustic 
correlate, it could follow that fundamental frequency only affects brightness as a by­
product of its natural corresponding increase in spectral centroid. Similarly, previous 
research has found that that a change in brightness is correlated to performance style (with 
respect to acoustic guitar), whereby playing closer to the bridge increases the perceived 
brightness [21] but, all else being equal, playing closer to the bridge on the guitar should 
decrease the presence of lower harmonics in the sound, thereby increasing its spectral 
centroid [63].
2.2.3.2 Clearness
Some of the correlates for clearness seem potentially at odds with one another. Published 
papers [47],[59] state that decreasing the spectral slope, and thereby increasing spectral 
centroid will increase clearness. Jeans [60] suggests that decreasing the amplitude of the  
2nd harmonic will increase clearness or clarity. These correlates could be, but needn't be 
mutually exclusive, as there are source signals which could increase or decrease overall 
spectral centroid with a decrease in 2nd harmonic amplitude. The existing research used a 
combination of real instrument sounds and spectral analysis to establish the acoustic 
correlates. It is also possible that stimuli with spectra generated by signal processing could 
reveal different correlates (for example, the additional harmonics of a distortion processor 
might result in a less clear tim bre than the additional harmonics generated by an exciter). 
Further work is required to determine which of the documented approaches is correct, or if 
it could be that clearness is affected by a source-dependent change in spectral centroid.
2.2.3.3 Smoothness
The correlates for smoothness also show some incongruence. On the one hand, 
smoothness is considered as an acoustic antonym of roughness and harshness [72], and is 
correlated with high order partials inside critical bands, and amplitude modulation 
(wherein multiple partials within a single critical band are likely to lead to beating).
Contrary to this, other researchers believe smoothness to be correlated solely with overall
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amplitude envelope [20],[48],[55]. It is possible that smoothness, as an attribute, has a 
duality of meaning, such that some listeners understand smooth as a musicological 
performance attribute, and other listeners relate smooth to be acoustic according to an 
individual sound - this might also be the case with other amplitude correlated attributes, 
like softness, or boldness, both of which could have a different meaning if applied to an 
isolated sound, or, for example, an orchestral passage. The correlates of isolated sounds 
are most applicable to the current project, therefore further work in order to measure the  
relative contributions of amplitude envelope, (specifically roughness) to the perception of 
smoothness might be required if smoothness is to be implemented in the tim bre morpher.
2.2.3.4 Sharpness
Sharpness is an interesting attribute, and worthy of mention, as its metric [26] would 
indicate that an increase in spectral centroid would result in an increase in sharpness. 
Additionally, the metric for sharpness shows that sharpness is weighted by critical 
bandrate, so sounds with more energy in upper critical bands should appear comparatively 
sharper than those with energy in lower critical bands but the same overall spectral 
centroid. Therefore, although spectral centroid is not the sole correlate for sharpness, 
there is still a large degree of acoustic overlap between sharpness and brightness.
2.2.3.5 Warmth
The correlates for warmth seem to be incongruent, but in fact, increasing the low 
frequency content would result in lowering the spectral centroid, as would increasing the  
spectral slope if the overall spectral bandwidth is maintained. So warmth would seem to be 
an attribute that can be acoustically controlled in a variety of (ultimately very similar) ways.
2.2.3.6 Implications of known (or undiscovered) acoustic overlap
Manipulating a selected timbrai attribute should create a hybrid sound someway towards a 
target sound, differing from the source sound solely in the chosen attribute. Many of the  
possible timbrai attributes that might be desirable for implementation within the morpher 
have overlapping acoustic correlates, partly because there are far more verbal descriptors 
than acoustic variables. At this stage it is reasonable to assume that varying a sound's 
brightness might also then cause listeners to perceive variations in the sound's sharpness, 
whilst increasing its warmth  might decrease its sharpness, and so on. This could make the  
output of the timbre morpher unpredictable, or possibly unusable if, for example, the end 
user wants to increase warmth  and maintain sharpness in the hybrid output. However, 
excluding all timbrai attributes with some acoustic overlap might be overly limiting. In 
order to ensure that the proposed method for dealing with acoustic overlap is effective 
(the reader is referred to Chapter 4, section 4.12 for a discussion of the possibilities), the  
prototype morpher should be tested with at least one pair of attributes with known 
acoustic overlap.
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2.2.3.7 Graphical representation of timbrai overlap
Figure 2.3 highlights any overlap amongst the acoustic correlates based on the ir 
corresponding tim brai attributes.
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Figure 2.3 -  Timbrai attributes plotted against acoustic correlates. Spectral centroid for 
example is correlated with several timbrai attributes. Acoustic correlates in red are spectral 
only, orange are spectro-temporal, and yellow are temporal only
The long-term goal o f this research is ultim ately to  inform the development of a 'musician 
friendly' set o f signal processing routines; therefore, in terms of the current project, 
descriptive attributes are certainly more 'musician friendly ', although given the large 
numbers o f descriptors, and the possibility o f ambiguity therein, any descriptive tim brai 
a ttribute  intended fo r the tim bre morpher must be chosen w ith care.
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2.2.4 What makes a timbrai attribute important or relevant to the current 
project?
The selection criteria for suitable attributes to be included within the morpher will vary, 
depending on the morpher's state of development. In the earliest stage, an attribute with a 
-good deaI of perceptuaI orthogonajlty (or a minimal degree of perceptual overlap with  
other attributes) would be desirable, but at later stages, attributes with a variety of 
acoustic correlates and perceptual overlap should be included, to test the applicability of 
the morphing algorithm to the widest range of possible future attributes. The chosen 
attributes, and their correlates, will ultimately form the basis of the morpher interface and 
underlying acoustic adjustments, allowing the end user to manipulate the tim bre of the 
morphed output selectively.
Criteria to inform the selection of appropriate timbrai attributes for the morpher are 
shown in Table 2.5.
Criteria Priority
Attribute must be a mem ber of the adapted multidimensional paradigm Essential
Nonduality or uniqueness of meaning (eg, fat, thick might be interpretable as 
the same thing; this potential lack of uniqueness could be problematic)
Desirable
Useful -  is the attribute a parameter which the end user is likely to want 
control of? Difficult to say without asking, and most end users might not know 
what they want to control until they try.
Desirable
Range -  is the attribute applicable to all possible input signals? (eg, morphing 
brightness is not possible with sine wave source signals)
Desirable
Timbral/Acoustic overlap (at least one overlapping correlate) -  some is 
essential for the long term  goals of the project
Essential 
for some 
attributes
Timbrai overlap in terms of two or more acoustic correlates (specifically both 
tem poral and  spectral correlates) -  so that the morpher can be evaluated 
against the full range of possible future attributes and their correlates
Desirable
Table 2 .5  -  Criteria that an ideal timbrai attribute should exhibit in order to be considered for 
inclusion within the timbre morpher
Although attributes with a minimal degree of overlap might make for an interface with  
more immediate controls in a timbre morpher, the vast range of possible attributes  
necessitates that a complete timbre morpher must be able to deal with overlapping 
attributes as well as perceptually (or acoustically) orthogonal attributes. Therefore a 
degree of timbrai overlap should be demonstrated by at least one of the attributes  
included in the current project.
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2.3 Timbrai Metrics
This section will discuss specific measures of tim bre, and their relevance to the tim bre  
morpher.
2.3.1 Measures of timbre
Various measures of timbrai attributes (both acoustic and meaningful attributes) exist, and 
are discussed in this section. Sharpness, roughness, fluctuation strength, tonalness, and 
subjective duration are all considered by Zwicker as "sensation(s) which we can consider 
while ignoring other sensations" (p257, [26]). Pleasantness, on the other hand, is said to be 
more complex, described as overlapping and interrelated with sharpness, loudness, and 
tonalness (or 'tonality').
2.3.1.1 Sharpness and brightness
Sharpness, in Acums, is calculated as a 'centre of gravity' of the perceived loudness in each 
critical-band, shown in Equation 2.1. The scale. Bark, represents the 24 critical bands of 
human hearing [25]. Like loudness, this formula has allowed sharpness meters to become a 
useful tool for telecommunications engineers [85]
Equation 2.1 -  Sharpness in acums from Zwicker, Fasti. g(z) is a weighting factor 
emphasizing the upper critical bands (from 16 to 24  Bark). N 1 is the ‘specific loudness’, or 
level within a critical band. Z  Is the critical band number
This is essentially a critical-bandwidth conscious revision of the work on sharpness by Von 
Bismark [61]. It is interesting that this correlation between 'centre of gravity' of perceived 
loudness is not dissimilar to the known correlate of brightness -  other researchers [72],[81] 
have shown that a sound's brightness can be approximated by its spectral centroid (mean 
energy across the spectral envelope), as per Equation 2.2. The difference is that the  
spectral centroid calculation has no factoring by critical bandwidth, perceived loudness, or 
final perceptual unit, but rather it is an acoustic parameter, shown to be highly correlated 
to the sensation of brightness through subsequent listener testing [72].
J2.4 Bark .0 N  g(z)zdi
acum'.4 Bark
N
sc = N
Equation 2 .2  -  Spectral centroid, Where N  =  number of partials, m, =  magnitude of partial I, f, 
= frequency of partial I. (2)
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2.3.1.2 Roughness and fluctuation strength
Aures [75] describes the measure of roughness in Aspers, as a sensation created by 
amplitude modulation frequencies between 15 and 300 Hz. The reference value of 1 Asper 
is defined as the roughness of a 60dB 1kHz tone, 100% amplitude modulated with a 
modulator frequency of 70Hz. An initial model, showing roughness as being dependent on 
-modulation frequency and tem poral masking depth, is shown in Equation 2v3.-----------------------
R  ~  /m-dAL
Equation 2 .3  -  Where R is roughness in Aspers, fm0d is the frequency of amplitude 
modulation and AZ. is the depth of temporal masking - the degree to which higher amplitude 
segments of the signal mask lower amplitude segments. Note that AL becomes usually 
larger with lower modulation frequencies, and smaller with high modulation frequencies 
[Zwicker, p268]
This was revised by Zwicker and Fasti to accommodate critical-band rate, such that a more 
accurate figure for roughness can be calculated by Equation 2.4. The model is still, 
however, an approximation, corroborated by subjective listening tests.
J2-4 Bark0 ALE(z)dz
Equation 2 .4  -  Model of roughness including critical-band rate. ALE is the temporal masking 
depth within one critical band. Maximum roughness is found at modulation frequencies of 70 
H z  -  the impact of modulation frequencies above 70Hz on roughness was found to be 
limited by the temporal resolution of human hearing. A 1 kH z tone at 60 dB and 100%, 70 
H z amplitude modulation produces a roughness of 1 asper. [Zwicker, p263].
A variant based on the same physical features is used to quantify fluctuation strength. In 
general terms, this is almost the same as the model for roughness, but with lower 
modulation frequencies -  between 0 ~ 20 Hz. For fluctuation strength, the unit proposed is 
Vacil, where 1 Vacil is the fluctuation strength of a 60dB, 1kHz tone, 100% amplitude  
modulated with a modulation frequency of 4Hz. The relationship between fluctuation  
strength, modulation frequency, and tem poral masking depth is shown in Equation 2.5.
F ~ -------------------- — --------------------
(/mod ! 4Hz) +  (4 H z / fn c )
Equation 2 . 5 -  Fluctuation strength F, temporal masking depth ALE, and modulation 
frequency fmod, from Zwicker and Fasti p 254 [26]
2.3.1.3 Tonalness and sensory pleasantness
Before quantifying pleasantness, tonalness must be considered, as Zwicker and Fasti 
propose that pleasantness is comprised of an interrelationship between sharpness, 
roughness, fluctuation strength and tonalness. Aures' model of tonalness considers that 
sounds are 'tonal' when they contain pure tones, or bandpassed noise with a filter width
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equal to, or less than, one critical band. Aures' measure of tonalness is a measure of the  
bandwidth of tonal components (pure tones or bandpassed noise), their frequency and 
loudness level, against the loudness level of non-tonal components. The reference value, 1 
tu (tonality unit) is a 1kHz tone with a level of 60dB. [86]
Zwicker and Fasti's model of sensory pleasantness discards the listener's preconceptions 
regardihg the perceived sources or mentaI associations of stimulus sounds -  the authors 
acknowledge that listeners will be prejudiced to certain types of sound above and beyond 
their pure acoustic pleasantness (in other words, pleasantness may have a duality of 
meaning to some listeners) -  and do not account for this in their model, which is based 
solely on the physical parameters of the sound in question, shown in Equation 2.6.
p -(0.0023— )2 -1.005— -0.7—  -2.43—
—  =  e N° e s‘ e 1,0 (1 .2 4 - e  r° )
A
Equation 2 .6 - A n  estimation of sensory pleasantness. N  =  loudness, S =sharpness, 
R=roughness, T=tonalness, P=pleasantness. P0, Ro, So, and T0 are used as reference points 
for pleasantness, roughness, sharpness, and tonalness. The influence of tonalness can be 
seen to be quite small in the model [26]
Zwicker and Fasti plot the relationship between pleasantness, sharpness, tonality, and 
loudness, highlighting that the role of loudness in pleasantness only becomes im portant in 
a significantly loud signal (15 Sone and above).
2.3.1.4 Summary of known timbrai metrics
The metrics described above are summarized in Table 2.6.
Perceptual Measure Unit Reference
Sharpness Acum [26],[61],[63]
Brightness n/a [48],[61]
Roughness Asper [26],[73],[75]
Fluctuation Strength Vacil [26]
Tonalness n/a [26]
Sensory pleasantness n/a [26]
Table 2 . 6 - A  summary of perceptual measures, corresponding units, and references
According to Zwicker/Fastl, sensory pleasantness, a timbrai measure, is a function of 
loudness to some extent, although this is at odds with the ASA definition of tim bre, which 
states that loudness and tim bre are mutually exclusive.
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2.3.2 Are timbrai metrics essential or desirable when specifying a timbre 
morpher?
Timbrai units in themselves could be useful in a tim bre morpher, for tw o reasons: (i) if a 
specific labelled scale was required as part of the user interface, or (ii) to aid in the design 
of the signal processing routine to adjust a given attribute. Firstly, as far as the end user is 
concern e d ,t  hêln ee d fo ra  Specific u n itfo reach  attribute being modelled is u n like ly -  
although some musicians will be used to dealing with anchored scales (for example, 
adjusting a level fader by +3dB), with a tim bre morpher the scale is determined by the 
source and target sounds. Secondly, a timbrai metric covering the desired attribute would 
save tim e when quantifying its acoustic correlates, thereby making the existence of timbrai 
metrics a desirable criterion for any timbrai attributes to be included in the morpher.
Of the existing measures summarised in Table 2.6, roughness, sharpness, and brightness 
are descriptors that could certainly be considered 'musician-friendly'. Zwicker's definition 
of pleasantness specifically precludes sounds which listeners might already prefer, yet this 
would seem to be at odds with what many musicians might consider pleasantness to mean. 
It could be that this acoustician's definition of p/eosont would thereby have a different 
meaning to a musician's definition of pleasant. Similarly, tonalness to  a musician could 
imply tonality within a key signature or mode, with implications of atonality should a given 
interval fall outside a mode or scale and so on. By the chosen definition of suitable timbrai 
attributes within this project, the attributes should be independent of pitch and loudness, 
and applicable to single sounds. As both tonality and atonality are related to pitch and 
intervals for most musicians, tonalness could cause a conflict of understanding with the  
psycho-acousticians' definition. For this reason, in order to avoid unnecessary confusion, 
both pleasant and tonal mW be avoided in this project.
Although timbrai metrics are a useful starting point when specifying a new attribute within 
the tim bre morpher, if the morpher were limited to the inclusion of only musician friendly 
attributes with a known metric, the range of attributes which could be included would be 
rather limiting. A complete tim bre morpher will therefore require at least some timbrai 
attributes w ithout established metrics. Nevertheless, the timbrai models and measures 
here could prove a useful starting point for quantifying other related timbrai attributes in 
the future.
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2.4 Conclusions
Timbre was historically defined as a unidimensional property, or fundamental attribute, of 
sound [18],[87] and this definition is the essence of the first of five paradigms of tim bre. 
However, this definition has been revised such that some form of multidimensional view of 
tim bre is now commonly adopted [26],[28],[48],[72],[82]. Neither the number of 
dimensions that tim bre comprises, nor the labels for these dimensions, have been 
universally agreed.
The 'single correlate' paradigm is a simplistic view of timbre, which works well for 
musicologists but is not particularly useful for acousticians. The 'perceptual bin' paradigm 
acknowledges the multidimensional nature of tim bre through its inclusive approach to the  
definition, but it is based on a negative definition, defining tim bre only in terms of what it is 
not. The 'multiple verbal descriptor' paradigm is useful to both acousticians and musicians 
when describing sound or music in terms of meaningful vocabulary, which should ideally 
not overlap. The 'multiple acoustic correlate' paradigm is used to establish the contribution 
of specific acoustic properties to the perception of overall timbre.
A useful paradigm on which to base the tim bre morpher should allow for multiple 
attributes, each contributing to the overall perception of tim bre, it should allow for 
acoustic metrics of tim bre to inform a starting point for the possible acoustic manipulation 
required to selectively adjust an intended attribute, and allow for meaningful perceptual 
labels to describe individual timbrai attributes. The 'multiple verbal...' and 'multiple 
acoustic...' paradigms each fulfil some of these criteria. An 'adapted paradigm', 
incorporating both verbal descriptors and acoustic quantification by timbrai metric could 
therefore satisfy the essential criteria for a paradigm on which to base the morpher, and 
any timbrai attributes to be included should exist within this paradigm. In the future, the 
adapted paradigm should be 'fleshed out' to include as many timbrai attributes as possible. 
A fifth, 'musicological paradigm' also exists, which is not useful for the project at this stage, 
but which could, in the future, be investigated with a view to extrapolating performance 
information as a timbrai characteristic to inform signal processing with the morpher.
A 'timbrai attribute' is a sonic characteristic which existing researchers have shown 
contributes in whole or in part to the listener's perception of a sound's tim bre. There is a 
marked difference between an 'acoustic' timbrai attribute, such as spectral energy, attack  
synchroniclty, attack centroid etc, and a 'meaningful' timbrai attribute, such as warm, 
bright, sharp and so on. An 'acoustic correlate' is any acoustic property, or combination of 
properties, shown to correspond to the listener's perception of a specific timbrai attribute, 
group of attributes, or tim bre as a whole.
Timbrai attributes based on descriptive metaphors such as bright, warm, harsh, rich, and 
soft have all been well documented in existing research, as have many other descriptors, 
some of which seem to overlap with one another, such as brightness and sharpness. Whilst 
there is a good deal of agreement in terms of acoustic correlates for these timbrai 
attributes amongst some researchers, several timbrai attributes (in particular brightness.
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sharpness, clearness, warmth  and smoothness) have been reported to have some degree of 
contradictory acoustic correlation. Although attributes with a minimal degree of overlap 
might make for an interface with more immediate controls in a timbre morpher, the vast 
range of possible attributes necessitates that if a complete timbre morpher must be able to 
deal with overlapping attributes as well as perceptually (or acoustically) orthogonal 
attributes. The morpher should be tested with overlapping attributes to ensure it is capable 
of independently manipulating any intended attributes. In order to create a meaningful 
interface for the tim bre morpher, the chosen attributes should be 'musician friendly'. 
Attributes with duality of meaning, and w ithout known acoustic correlates or perceptual 
overlap should be discounted at this stage.
Outside this project, it would be useful to research and incorporate a complete list of 
timbrai attributes and acoustic correlates within the adapted paradigm, either by 
quantifying further related timbrai attributes with acoustic metrics, and/or by reducing the  
range of descriptors to a number of acoustically independent attributes, and a further 
range of attributes with a degree of acoustic overlap. The degree of acoustic overlap in the  
second series of attributes could then also be quantified.
In the multidimensional acoustic paradigm, tim bre is a perceptual attribute [27] which can 
be calculated from a series of metrics, some of which can be considered physically 
independent {sharpness, roughness, fluctuation strength), and some of which overlap 
{tonalness, pleasantness) [26]. There are no contradictory metrics. The perceptual metrics 
are mathematical models of perception backed up by listening tests in comparison to a 
reference value (typically with a specified frequency and amplitude).
Timbrai metrics could be used as the basis for timbrai control of acoustic correlates in a 
tim bre morpher, or to 'scale' the user interface of the tim bre morpher. Many timbrai 
attributes have not been modelled to date, meaning that a complete tim bre morpher will 
almost certainly include some attributes that have no known metric at this stage.
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3 Suitability of Existing Platforms
This chapter is informed by literature and existing software code implementing audio 
morphers and similar signal processing routines. The overall aim of this chapter is to 
identify the most suitable platform on which to base the tim bre morpher.
This chapter aims to answer the following research questions:
3.1 Existing Morphing Platforms
W ho has morphed audio (or done something similar), and how is it done?
W hat types of signal processing are used?
3.2 Selecting a suitable platform for a tim bre morpher
W hat are the criteria for a suitable platform on which to base a tim bre morpher? 
Which, if any, of the existing platforms fulfil these criteria?
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3.1 Existing morphing platforms
If a system is capable of the independent analysis and resynthesis of tw o input sounds, it 
should be capable of audio morphing. The vast majority of audio morphing research 
originated from vocal processing and synthesised speech applications, which were  
subsequently adapted to the synthesis of novel instrument sounds. Pioneering platforms 
are discussed by chronological era in this section.
3.1.1 Speech synthesis, 1939 -1970
Many speech synthesis methods can be considered to be sound hybridisation. The first 
steps towards creating a hybrid sound in such a manner were taken by the Vocoder. In 
1967 Gold and Rader described 'The Channel Vocoder' [88], based on Dudley's 1939 Voder 
[89], and its application to bandwidth compression:
"The spectral envelope o f the speech is measured with a bank o f filters, 
while the excitation is estimated to be noise" [88]
Here, a hybrid sound is generated with properties derived partly from the target sound (the 
spectral envelope of speech), and partly from the source sound (the noise being filtered). 
The filter bank is comprised of between 10 and 30 parametric bands across the audible 
frequency range.
Linear Predictive Coding (LPC) [90] is similar to the vocoder in the sense that it uses filters 
based on the human vocal tract to create a hybrid signal, with the intention of improving 
bandwidth reduction in speech transmission. To this end, LPC predicts subsequent filter 
sample values from a linear combination of previous values. LPC estimates form ant4 filters 
from speech (the target signal) and applies these to a noise source (or 'buzz') representing 
the remaining loudness and pitch of speech generated by the glottis (the source signal).
In both the Channel Vocoder and LPC Vocoder, the process can be adapted to a form of 
audio morphing where a hybrid sound is generated by adding a new sound as the source 
signal, thereby allowing for cross-synthesis with the target sound. However, neither LPC 
nor vocoder-based cross synthesis can strictly constitute audio morphing, because even 
when using a large number of filters to represent the target signal, the hybrid signal will 
never become the target signal.
In the same era, but with a different processing approach, the Kelly-Lochbaum acoustic 
tube was proposed as a physical model of speech sounds [91]. Here, modes inside various 
cylindrical tubes (equivalent to the filter in a vocoder) correspond to sampled formants 
from the vocal tract. Much later this model was advanced with the modeling of additional 
physical parameters such as the nasal tract and throat wall to develop a system for singing 
voice synthesis [92]
4 F o rm an ts  are  th e  characte ris tic  reso n an t peaks fo u n d  am o n g st th e  sp ectru m  o f speech.
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3.1.2 Frequency Modulation, and Additive synthesis, 1970 -1 9 8 0
In 1973 John Chowning discussed the synthesis of complex waveforms using frequency 
modulation (FM) synthesis, describing a parametric interpolation system for generating a 
resynthesised sound aimed at adapting FM to speech synthesis [93]. At first it would 
appear to be a process which could also be adapted to musical sound resynthesis for an 
audio morpher, (although the application is not specifically discussed in the paper), given 
the fast resynthesis and low processing load required to create complex waveforms. 
However, by its very nature, implementing FM synthesis in an audio morphing process 
would be difficult if not impossible, restricted by the calculations necessary to extract and 
interpolate the requisite carrier and modulator waves from the source and target signals. 
Therefore any consideration of a speed advantage to be gained by adopting FM resynthesis 
in an audio morphing context can be reasonably discounted.
The vast majority of recent speech synthesis, and subsequently audio morphing, systems 
fall under the additive synthesis category. Typically, a series of sine wave trajectories (or 
'peak tracks') are analysed, with amplitude, frequency, and phase stored at given intervals 
('frames' or 'windows'). These track parameters are then used for additive resynthesis. 
Thomas Quatieri worked from 1978 on short-time spectral analysis for speech processing 
and later, in 1992, McAulay and Quatieri developed an additive synthesis approach for 
voice resynthesis based on this analysis [94]. In their system, phases and frequencies are 
modulated and amplitudes cross-faded amongst the peak tracks, before additive synthesis 
via a sine wave generator. Figure 3.1 shows the process of forming peak tracks from  a 
windowed Fourier transform of the source.
i
CL
1
Frequency Time
(a) Detecting peaks (b) Forming sinusoid tracks
Figure 3.1 -  Sinewave-trajectory (b) is generated from the peaks of each frame of the S T F T  
analysis (a) [94]
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3.1.3 Formant Wave Functions, and morphing as a compositional tool, 1980 
-1 9 8 9
Formant Wave Functions (FWF) represent the individual impulses of formants with  
amplitude varying sinusoids at each specified form ant centre frequency. Each form ant 
impulse can be varied in the tim e domain (onset and decay envelope, and rate of form ant 
generation), or in the spectral domain (formant bandwidth and centre frequency). These 
formants are summed to create a voice waveform, such as speech or singing, and the  
technique has also been adapted to musical instrument synthesis [95],[96], Despite the  
successful application of FWF to speech synthesis, it is not readily adaptable to audio 
morphing, as there is no facility for cross-synthesis by the inclusion of a target signal.
Unrelated to FWF but around this tim e (between 1979 and 1986), Trevor Wishart 
completed 'Vox-5', an electro-acoustic composition demonstrating audio morphing as a 
commission for Institut de Recherche et Coordination Acoustique/Musique (IRCAM), using 
Mark Dolson's Phase Vocoder to stretch or interpolate vocal sounds with bells and other 
atmospheric samples [97] It is a famous example of audio morphing in an electro-acoustic 
composition.
3.1.4 1989 -  1996 Expanding on additive synthesis
In the 'additive synthesis based' models, noise in a signal is treated as a series of varying 
sine waves. A drawback of this approach is the large amount of sine trackers and 
generators required in order to successfully model signals with inharmonic elements, as 
found in many musical signals. In order to reduce the number of sine generators, a 
resynthesis model, called Spectral Modeling Synthesis (SMS), combining an additive 
approach for synthesising harmonic components of the source and a filtered noise elem ent 
to represent its inharmonic components, was proposed in 1989 by Smith and Serra [98]. An 
SMS resynthesis is shown in Figure 3.2.
42
3. Suitability of Existing Platforms
5000
0
0.106 0.106 0.11 0.111
time (sec)
5000
0
0.105 0.106 0.107 0.11 0.111
time (sec)
0
0.105 0.106 0.107 0.11 0.111
time (sec)
Figure 3 .2  -  Waveforms from SM S resynthesis. First shows the original waveform, then the 
additive component, and finally the filtered noise component. A breakpoint where the system  
has decided to model a given portion of the initial signal as noise is highlighted. [99],[100]
SMS was recently used as the basis for Yamaha's 'Vocaloid' singing synthesis program,
[101] SMS is discussed in more detail in section 3.2.1
Other systems have made use of variations on the additive model of McAulay and Quatieri 
for instrument synthesis such as Depalle and Rodet in 1990, who described the process of 
using an Inverse Fast Fourier Transform (IFFT) for additive resynthesis [102].
Slaney, Covell, and Lassiter describe a system specifically for audio morphing, Automatic 
Audio Morphing (AAM) [1]. The research of Slaney et al was an extension of work using a 
perceptual pitch detector to control a morphing system between tw o signals [103] - the  
complete system is discussed in more detail in section 3.2.2
Contour Morphing (CM), differs from the other additive models (apart from AAM) because
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it also makes use of transient information to time align frequency peaks from each of the  
source and target signals, before any interpolation [3],[81. CM is discussed in more detail in 
section 3.2.3
3.1.5 Other analysis or synthesis types, 1997 onwards
Hope and Furlong [9] carried out comparative research between the STFT and Wigner 
Distribution at the analysis stage of an audio morphing routine. The Wigner Distribution 
was found to be capable of a high quality hybrid in terms of both frequency and tem poral 
response, when used with simpler waveshapes as input signals. However, when tested with  
source and target sounds that were more complex, both frequency and tem poral smearing 
was introduced.
In 2003, Bernsee described the use of a Discrete W avelet Transform (DWT) in the design of 
an audio morpher [4], stating that the DWT was better able to cope with inharmonic and 
discontinous sounds than the regular Fourier transforms used in other systems. CHANT, a 
similar system using wavelets which correspond to impulse responses from given formants 
[96] was designed for voice synthesis but has also been used for some musical synthesis. 
Unfortunately as CHANT is not readily adaptable to the analysis of other input signal types 
[95], it is not ideal for audio morphing.
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3.1.6 Summary of systems related to audio morphing
Table 3.1 chronologically lists audio morphing, and morphing related, research.
Year Process Researcher/  
Reference
1939 Voder for Voice Compression [89]
1962 Speech Synthesis -  Physical Modelling; Acoustic Tube /  Vocal
Tract
[91]
1967 Channel Vocoder for Signal Hybridisation [88]
1972 Cepstrum Analysis for Pitch extraction from Speech [104]
1973 Parametric Interpolation for FM Resynthesis [93]
1978 Short tim e Spectral Analysis for Speech [94]
1983 Integrated Pitch Tracking for Speech [105]
1984 CHANT/Time domain form ant wave function synthesis [96]
1985 Additive Resynthesis for Voice [106]
1986 Vox-5, audio morphing composition using phase vocoder. [97]
1989 Deterministic and Stochastic Analysis and Resynthesis [107]
1990 Inverse Fast Fourier Transform for Resynthesis [13]
1990 Perceptual pitch detection using the Cepstrum [104]
1992 Synthesis and Control of Sinusoidal Partials [102]
1992 SPASM: A real tim e vocal tract physical model [92]
1992 Shape invariant time-scale and pitch modification [96]
1994 Sound hybridisation techniques based on a Spectral Modelling 
Synthesis (SMS) model
[101]
1995 Morphing of Sounds with Unequal Numbers of Features, Contour 
Morphing (CM)
[10]
1996 Automatic Audio Morphing (AAM) [1]
1996 Lemur: Sinusoidal Modelling and Manipulation (CM) [3]
1997 Wigner Distribution for Morphing [9]
1997 Spectral Hybridisation for Morphing [108]
2000 PSOLA (Pitch synchronous overlap and add) [143]
2003 Discrete W avelet Transform for Morphing [4]
Table 3.1 Audio Morphing Timeline -  showing existing research, author(s), and year
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3.1.7 Adaptability of existing systems to audio morphing
For a system to be adapted, or adaptable, to audio morphing it should be able to cope with  
any input signal, unlike the Vocoder based routines, and without requiring data other than 
the input signals themselves, unlike the FM and physical model based speech synthesisers. 
A map illustrating the different types of speech processing, and their relative adaptability 
to audio morphing, is shown in Figure 3.3.
Mel scale cepstrum analysis 
(for audio morphing)
Contour Morphing
Phase Vocoder 
(using IFFT)
Additive synthesis (initially 
for speech modelling)
Wavelet based audio 
morphingAdditive and Stochastic 
synthesis (for speech 
modelling & sound 
hybridisation)
Yes
Yes
Yes
Adaptable to audio 
morphing?
NoNo
VocoderOther synthesis types 
(for speech modelling)
Linear Predictive Coding 
(for cross synthesis)
Frequency Modulation 
(for 'modelling 
complex spectra') Physical Models 
(for speech, eg Acoustic tube 
model, or tube+nasal tract etc)
Figure 3 .3 - A  map showing the relationship between various speech synthesis and vocal 
processing routines, and their adaptability to sound hybridisation (audio morphing). For 
chronological references to the systems being illustrated, see Table 3.1
The findings of Chapter 2 suggested that an individual timbrai attribute could be controlled 
by appropriate manipulation of its acoustic correlate, or correlates (see section 2.3). In a 
complete timbre morpher, the range of acoustic correlates might incorporate a 
combination of spectral and tem poral acoustic correlates, including correlations with  
overall shape, or specific fine structure. A processing platform is therefore required which 
can quantify and alter every possible correlate independently (see section 3.2).
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3.2 Selecting a suitable platform for a timbre morpher
In order to be considered suitable for adaptation to morphing tim bre, an existing platform  
should:
1) be published with readily available source code.
2) be transparent in its analysis and resynthesis processing -  if a morph of 0% is 
selected5, the output signal should be the same as (or at least be audibly 
indistinguishable from) the input. The processing should not inherently alter the  
input signal(s) in any way.
3) allow for the manipulation of some or all of the spectral and/or tem poral acoustic 
parameters listed in Chapter 2. This will allow for the timbrai correlates to be 
adjusted.
If the above criteria can be satisfied, the operating speed of the platform will be 
considered- informal testing revealed processing times of up to 5 minutes for a 2 second 
morph with one system. Preference will be given to the system with the highest operating 
speed.
Of the audio morphing platforms listed in section 3.1 only three satisfy the first criterion: 
Spectral Modelling Synthesis (SMS), Contour Morphing (CM), and Automatic Audio 
Morphing (AAM). These are evaluated in the following sections.
3.2.1 Spectral Modelling Synthesis
SMS [107] is an analysis and resynthesis system based on a pitched 
(sinusoidal/deterministic) component, and a noise (residual/stochastic) component. A 
windowed Fourier transform is used as the basis for the analysis. The window tim e can be 
adjusted according to the fundamental frequency of the sound, to allow for the best 
tim e/frequency resolution (a pitch synchronous analysis). Partials are picked as frequency- 
threshold peaks (points where the amplitude of a harmonic exceeds a preset, or user- 
definable, threshold), and tracked across the tim e domain in frames to build up a series of 
frequency vectors, which are subsequently used to control the frequencies of sine waves in 
an additive synthesis process. The remaining portion of the sound, described by the author 
as the residual, is then reproduced by filtering noise, as shown in Figure 3.4. The addition of 
this noise component makes SMS particularly stable with nonharmonic sounds, unlike CM, 
which uses larger banks of sine waves to model noisier sounds, and AAM, which uses a 
pitch residual to represent overall spectral shape.
5 For a b r ie f d e fin itio n  o f % m o rp h , th e  re a d e r is re fe rre d  to  section 1 .1 .1
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Inverse STFT
Determine pitch 
synchronous 
frame size
Peak Picking
Residual generation (noise 
filtered through residua! 
_________shape)_________
Figure 3.4  -  Generic diagram of SM S process. A pitch synchronous S TFT  is used before 
peaks are tracked ( ‘deterministic stage’)  for subsequent additive resynthesis. TFR stands for 
a time/frequency data representation. The additive resynthesis is then subtracted from the 
input signal to create a residual shape, which is used to filter noise ( ‘stochastic stage’). The 
filtered noise and additive components are then summed to create a resynthesised product.
SMS fulfils each of the essential criteria for a platform, established in section 3.2 allowing 
for both independent acoustic analysis and data storage from tw o signals with little 
modification, as demonstrated in [101] where it was adapted to acoustically controlled 
audio morphing. Here, SMS was adapted to audio morphing by carrying out separate 
analyses on a source and target sound, logging their respective data in separate arrays, and 
interpolating any given features by user definable amounts, to create a hybrid additive 
(referred to as deterministic by the original author) and subtractive (filtered noise, referred  
to as stochastic) feature set for synthesis.
Moreover, SMS should be adaptable to the extraction of timbrai attributes from stored 
acoustic data by adding extra modules based on the acoustic correlates of the selected 
timbrai attributes, after the pitch tracking and residual analysis stages shown in Figure 3.4.
3.2.2 Automatic Audio Morphing
Automatic Audio Morphing (AAM), [1], is a system specifically designed for morphing 
speech samples. AAM analyses the source and target sounds using a perceptual model to  
choose appropriate breakpoints, before time aligning these points and cross fading their
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respective smoothed spectrograms. A simplified signal flow  is shown in Figure 3.5. The 
platform uses a filter bank based on a predefined perceptual model of the cochlea to help 
calculate a pitch residual (the fundamental and predominant harmonics) for the source and 
target sounds, before dynamically aligning any peaks to account for tem poral differences. A 
smoothed spectrogram representing the remainder of each sound is then summed before 
spectral inversion (a process of spectrogram driven synthesis, involving the reversal of the  
filter bank used to create the pitch residual from the source signal) [109].
Source 
Signal (A)
magnitude j 
spectrogram'
smoothed
spectrogram
pitch data
pitch | 
residual
Output
Signalnoise —
pitched
pitched or 
^noise?
Filter bank (based 
on cochlea model)
Calculate Pitch 
Residual
Pitch matching 
(using mei scale)
Dynamic time 
alignment (delay 
line between 
amplitude peaks)
cross fade 
spectrograms 
of source (A) 
and target (B)
Spectral
inversion
(filter banks 
based on cochlea 
model)
Cross fading of 
warped (time 
aligned) data 
from source (A) 
and target (B)
Perceptual 
model (extracts 
key features 
based on critical 
bands)
Figure 3 .5  -  Simplified signal flow of AAM. For the purposes of clarity, the diagram does not 
show the signal flow of the target signal in the analysis stage -  it should be assumed that 
the target signal (B) is analysed by the same method as the source signal (A).
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The initial analysis uses a perceptual model to separate the acoustic attributes of the  
source and target sounds, by means of a filter bank based on the cochlea to create the 
magnitude spectrogram. The pitch residual shown in Figure 3.5 results from a second series 
of filtering to separate the harmonic elements of the sound from its overall spectral shape 
(which goes on to be stored as the smoothed spectrogram). The authors describe the time  
alignment stage as 'dynamic tim e warping' but this process is essentially the use of sample 
delay to line up the breakpoints between the source and target sounds, as shown in Figure 
3.6.
s2
Si
Figure 3 .6  - Dynamic Time Warping from Automatic Audio Morphing, showing linear time 
alignment of Signait (S J  with Signal 2  (S2). t1 and t2 represent time, and by subtracting t2 
from U the delay time necessary to align peaks is calculated. The arrow indicates the 
interpolated value between two matched points [1 ]
The system has some advantages over SMS in that it is real tim e, using a spectrogram  
based analysis and synthesis process is apparently quicker than using a large number of 
sine generators to represent complex source signals. AAM also takes into account basic 
tem poral information (so vibrato, attack, onset and so on should be consistent across the  
morph). However, the authors acknowledge that AAM is not acoustically transparent, due 
to the use of the smoothed spectrogram. They also acknowledge some difficulty in 
extracting separate source features from the spectrogram representations. In SMS, if the  
deterministic stage failed to capture certain partials from the source signal's spectral 
envelope, the stochastic stage should ensure that an acoustically transparent output signal 
is still generated. This also suggests that AAM might be less well suited to inharmonic 
source signals.
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3.2.3 Contour Morphing
Contour Morphing (CM) [3] implemented in the platform Lemur, is a descendant of the  
McAulay/Quatieri speech modelling algorithm [94] which uses additive synthesis. A series 
of STFTs is carried out, and significant peaks are then selected based on a user defined 
threshold -  peaks above a given amplitude in a frame are selected. Similar peaks from  
subsequent frames are linked, giving a series of tim e varying frequency vectors, as in the  
'deterministic' stage of SMS. The vectors are then analysed for amplitude features, to  
create an amplitude envelope (or in the author's words, a 'contour of unique versus 
repeatable features') for the finished morph. The frequency vectors from the source and 
target sounds are then stepped through at a rate such that unique features (attack, decay, 
sustain, release etc) from each of the source sounds are reached at the same time. 
Frequency is then interpolated, before resynthesis, as shown in Figure 3.7.
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Figure 3 . 7 -  Contour Morphing. A S TF T  feeds a peak picking stage, before amplitude 
information is analysed for unique (attack, decay, etc) or repeatable (vibrato, overall level) 
features. Unique features are time aligned and then frequency information is interpolated 
before resynthesis.
In terms of acoustic feature extraction, the system is perhaps simpler than SMS or AAM, 
dispensing residual calculation in favour of a large bank of sine generators -  an inherent 
drawback when compared with SMS being the increased processing time required for CM
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synthesis of sounds with large numbers of partials. CM is similar to AAM in that it uses 
dynamic tim e alignment to compensate for temporal discrepancies between source 
sounds, but unique in that it draws a distinction between different types of tem poral 
information ('unique' or 'repeatable' tem poral data). The processing was motivated by 
existing research which suggested that the tem poral information of a sound was more 
useful to listeners than other timbrai attributes, when asked to identify a given sound 
source [31], although this is contradicted by other research on the perception of tim bre  
which suggest that spectral characteristics [28] are more useful to listeners when 
determining timbrai differences.
3.2.4 Summary of SMS, AM, CM suitability
Each of these platforms is capable of the independent analysis and resynthesis of tw o input 
signals, and each has already been adapted to acoustic control of an audio morph in some 
way. In order to determine the most suitable platform, the criteria described in section 3.2 
are compared with SMS, CM, and AAM in Table 3.2
Essential Desirable SMS CM AAM
Readily available source code V V V
Existing analysis/resynthesis process 
does not perceptually alter the source 
signal
V V X
Allow for manipulation of spectral or 
tem poral acoustic correlates of given 
timbrai attributes
V V V
Competitive processing 
tim e in analysis and 
resynthesis stages
V X V
Table 3 .2  - Summary of SM S vs C M  vs AAM  systems in terms of essential and desirable 
criteria when choosing a suitable platform for adapting audio morphing to timbrai control.
Despite being the only platform not specifically designed for audio morphing, SMS is well 
suited to the interpolation and cross synthesis of timbrai attributes through the feature  
extraction of their associated spectral and tem poral acoustic parameters, creates an 
accurate resynthesis of musical source signals (unlike AAM), and should be faster in the  
resynthesis of complex waveforms than CM due to the inclusion of the noise residual.
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3.3 Conclusions
Audio morphing has roots in voice synthesis, bandwidth compression, and speech 
processing. These signal-processing methods have been adapted to morphing for sound 
design and musical signal processing by several researchers [1],[100],[10],[108] and 
composers [97].
Additive analysis and synthesis models are the most commonly used types of signal analysis 
and generation for audio morphers, although the analysis and resynthesis type varies from  
Fourier based transforms to wavelet models. Later audio morphers have made use of tim e  
alignment and spectral smoothing in integrated or automatic morphing processes to deal 
with tem poral misalignment.
A suitable platform on which to base the tim bre morpher will use an analysis and 
resynthesis process which does not alter the source signal, such that if the end user 
resynthesised the source signal with no adjustment, the resultant 'hybrid' signal would be 
acoustically and timbrally identical to the source signal. The platform should have readily 
available source code to facilitate algorithm design and coding, and allow for individual 
timbrai attributes to be adjusted by means of their corresponding acoustic correlates. 
Finally, but less importantly, processing tim e and ease of use are also a consideration when  
determining which platform is most suitable.
Of the existing platforms for which source code is readily available, SMS, AAM, and CM 
could each potentially allow for adjustments to be made to the acoustic correlates of a 
given timbrai attribute, if it were extracted as an analysed feature set from the source (or 
target) sound. CM however, would require a large number of oscillators to accurately 
resynthesise complex waveforms due to the lack of a noise residual. AAM is not ideal due 
to its use of a broad spectral shape in the resynthesis stage, meaning that with musical 
signals partials could be lost in the resynthesis process, making a less transparent morph. 
SMS therefore, is the most suitable platform for adaptation to timbrai control at this stage 
of the project.
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4 Specifying and Testing a Generic 
Timbre Morpher_______________
This chapter is concerned firstly with the adaptation of the platform specified in Chapter 3 
to tim bre morphing, and secondly with establishing the most appropriate methodology 
with which to test the adapted code. Additional specification and detail of signal processing 
for each individual timbrai attribute within the morpher are covered in Chapters 5-8.
This chapter aims to answer the following research questions:
4.1 How can the specified platform be adapted as a generic tim bre morpher?
How can the specified platform for audio morphing be adapted to timbrai control? 
How will overlapping timbrai attributes be dealt with by the morphing system?
4.2 Establishing existing methods for testing a morpher
W hat methods for testing the effects of signal processing on timbre exist?
4.3 Proposing a suitable methodology for testing a tim bre morpher
W hat criteria should a suitable test methodology fulfil?
Do any existing methodologies fulfil these criteria?
If so, which? If not, what changes should be adopted in order to have a 
complete system for testing a tim bre morpher?
W hat quantities of morphed stimuli might be required for the proposed 
test method? W hat kind of statistical information might the chosen test 
method yield?
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4.1 How can the specified platform be adapted as a 
generic timbre morpher?
This section of the report will firstly examine a proposed general signal flow of the tim bre  
morhing routine based on the SMS platform, and then discuss methods for dealing with 
acoustic and perceptual overlap within the context of the system
4.1.1 A proposed generic timbre morpher
SMS was found to be the most suitable platform on which to adapt an audio morpher to 
timbrai control (see Chapter 2).
An SMS routine was recoded, for ease of debugging, rather than using the original existing 
SMS MATLAB file. The recoded SMS routine, including the interpolation processes based on 
the later adaptation of the system to audio morphing, is shown in Figure 4.1.
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Figure 4.1 -  Signal flow of SM S emulation using existing modules for audio morphing. ‘A ’ is 
the source signal or data stream, and ‘B ’ the target signal. Note that where the same 
processing is carried out twice (on both the source and target signals), this is indicated with 
‘shadowed’ modules
The SMS emulation was based partly on modules from the Signal Processing Toolbox in 
MATLAB, and partly on modules from the original SMS MATLAB source code, supplied by 
the original author, Xavier Serra. The MATLAB and SMS emulation modules used are shown 
in Table 4.1.
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Existing module(s) Purpose
STFT Carries out Short tim e Fourier transform on input signal
Inverse STFT Synthesise sine waves from time-frequency tracks by inverse 
short tim e Fourier transform
Peak picking Picks prominent peaks from STFT and creates a matrix of 
tim e/frequency tracks
Analyse residual (audio) Analyses residual audio component (performs STFT on residual 
audio to create residual tim e/frequency matrix)
Interpolate residual 
(matrix)
Linearly interpolates residual tim e/frequency matrix from  
source and target residual matrices
Interpolate between  
peaks
Linearly interpolates peak tracks from source and target peak 
matrices
Residual generation Resynthesises residual component as filtered noise
Table 4.1 -  List of existing MATLAB and SM S emulation code modules and their purpose in 
the signal processing flow
The system shown in Figure 4.1 does not afford the user much in the way of control, 
although it can allow additional user control by specifying the amount of interpolation  
between the pitch tracks and residual data of the source and target sounds. Neither the  
pitch tracks nor residual data relate to individual meaningful timbrai features directly at 
this stage.
In order to adapt the existing SMS sound hybridisation system to timbrai control, modules 
for extracting and interpolating timbrai properties from the input signals should be added. 
A generic adapted signal flow illustrating this is shown in Figure 4.2.
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Figure 4 .2  -  Signal flow of SM S emulation with additional timbrai interpolation subroutines, 
fed by pitch vectors of source ( ‘A ’)  and target ( ‘B ’)  signal, and residual matrices of source 
and target signal. As before, ‘shadowed’ modules indicate the same processing carried out 
on source and target signal separately
4.1.2 Dealing with overlapping timbrai attributes
Chapter 2 highlighted the fact that tw o separate timbrai attributes might share one or 
more acoustic correlates, which could result in varying amounts of timbrai overlap in the  
hybrid output of the morpher. For example, \f boldness shared some acoustic correlation 
with thickness, the user might find a slight, and undesirable change in thickness occurs 
when morphing a source signal towards a target's boldness. This could be dealt with by 
attempting to return thickness in the hybrid signal back to the same thickness value of the  
source signal, or, more simply, by indicating to the user that thickness has also changed 
slightly.
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Possible implementations of these alternative approaches include:
1) Apply an inverse morph to the generated hybrid feature set, returning the  
overlapping dimension to its original value, but maintaining the desired morph in 
the target dimension.
2) Create a lookup table based on a hierarchical tim bre space, weighting acoustic 
correlates by their perceptual influence on the selected attributes. Thus, acoustic 
correlates with greater influence on a selected attribute could be manipulated 
whilst avoiding unintended movement in other timbrai attributes. This would 
require at least some unique acoustic correlation for each timbrai attribute to be 
included in the morpher, with attributes that have totally unique correlates placed 
highest in the hierarchy.
3) Measure the ratio of perceptual overlap between selected attributes, and 'link' 
controls where relevant (for example, the interface will allow users to see that 
increasing sharpness by 50% also decreases warm th by 20%).
Applying an inverse morph would involve an additional stage in the algorithm design, but is 
not a massive leap from the existing code of Figure 4.2. However, the extra processing 
would make the system another step away from future real-time operation. Moreover, it 
might not always be possible to apply an inverse morph without partially undoing the  
intended timbrai morph.
There is no universally agreed upon articulatory tim bre space at present, and therefore  
creating a lookup table with acoustic weighting values would involve a comphrehensive 
study of each attribute relative to one another -  tim e intensive and probably not viable at 
this point.
Measuring the ratio of perceptual overlap between selected attributes to show the end 
user how particular timbrai attributes are intrinsically related is no bad thing. Data about 
the relative contribution to multiple attributes could be a useful contribution to  
knowledge. In the instance of a tim bre morpher, this would also provide a universal 
solution applicable to any number of acoustic correlates, and any amount of perceptual 
overlap that future attributes might introduce. A suggested routine for timbrai 
interpolation is shown in Figure 4.3.
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Figure 4.3  -  Generic routine for timbrai interpolation, indicating position of extraction, 
interpolation, and timbrai compensation sub routines.
As discussed in Chapter 2, each of the timbrai attributes that the user might wish to  
manipulate may have differing acoustic correlates, requiring different extraction 
procedures, but otherwise this generic approach should be universal for each attribute  
incorporated in the morpher (see Chapters 5-7). The additional modules required to  
im plement this routine are described in more detail in sections 4.1.2, 5.2, 6.2 and 7.2.
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4.1.3 Overview of the complete generic approach to timbre morphing
An overview of the complete generic approach is shown in Figure 4.4.
User inputs:
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Figure 4.4 -  Overview o f revised generic timbre morpher. Sub-routines for attribute specific 
extraction, interpolation, and compensation are illustrated in Chapter 5 - 8 .  A ll sub-routines 
are shown consecutively in Appendix B.
62
4. Specifying and Testing a Generic Timbre Morpher
4.2 Establishing existing methods for testing a 
morpher
Chapter 2 established that timbre was a perceptual quantity. It will therefore be impossible 
to measure changes in tim bre caused by the tim bre morpher with non-perceptual testing, 
such as acoustic measurement. Consequently, listener testing of the timbre morpher will 
be required in order to establish if:
• each attribute morph was perceived as intended
• the addition of a new attribute to the morpher caused any unintended, or 
additional, perceptual variations (variations in timbrai attributes which were not 
specified by the algorithm design)
In order to test the tim bre morphing algorithm, a series of morphs should be generated  
from known inputs to create a stimulus set for listener evaluation. If the tim bre morpher 
has been successful, the stimulus set will cause listeners to perceive changes in the 
intended timbrai attribute(s) with no overlapping or unintended changes. Various existing 
methods to describe and quantify perceived differences between stimuli in a listening test 
are discussed in this section in order to establish the most applicable process(es) for the  
testing of timbre morphed sounds.
4.2.1 Pairwise comparison and Multidimensional Scaling
Listening tests using pairwise comparison, analysed by Multidimensional Scaling (MDS), 
have been used by several researchers to plot the relative positions of stimulus sounds in a 
series of tim bre spaces [27],[29],[30]. Pairs of sounds from the stimulus set are compared 
by listeners who are asked to rate how similar (or dissimilar) they feel the tw o stimulus 
sounds in each pair are to one another. These responses are then combined in a 
dissimilarity matrix, which can then be analysed by MDS to assign each stimulus a position 
in a map (timbre space) with a pre-determined number of dimensions. The proportion of 
variance accounted for by the timbre space can then be examined to determ ine if the  
number of dimensions is adequate, and whether the tim bre space is a good fit to the  
listener's responses. Although this method is statistically valid, it requires a fairly long 
period of listener concentration, especially with larger stimulus sets, and moreover, using 
MDS alone cannot describe the relative directions or dimensions shown by the tim bre  
s p aces -th e  dimension labels must be given by the researcher (which would be 
inappropriate for this project) or determined by a separate experiment.
4.2.2 Principal Component Analysis
Principal Component Analysis (PCA) is a method that reduces a large stimulus set to groups 
containing the most significant variations within the set [110]. PCA has been used to  
provide a plot of the variation and correlation between given sounds' timbres. PCA 
generates vectors of movement, based on analysis of variance amongst a stimulus set, for
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the subsequent plotting of a tim bre space to good effect [111], but because of the data 
reduction stage involved, a large range of sounds of varying timbres would be needed as a 
stimulus set, which would make for long listening tests when evaluating the timbre  
morpher.
If the PCA was used to analyse listener responses to a stimulus set changing in various 
intended timbrai directions, and if this was combined with an acoustic analysis, then the  
correlation between listener responses and acoustic adjustment could be used to inform  
the signal processing of a tim bre morpher. The principal component groups could be 
interpreted as independent timbrai variables, which could then be controlled as selected 
attributes within the tim bre morpher,
4.2.3 Repertory Grid Technique
Repertory Grid Technique (RGT) is a statistically valid form of analysis that can be carried 
out on tristimulus listener comparisons. Listeners are asked to describe ways in which tw o  
of the stimuli are alike, yet differ from the third [112]. The aim is to plot listeners' 
experiences of the stimulus set on a grid showing the stimuli, some predefined or elicited 
timbrai constructs, and the listeners' positioning of each of the stimuli on the scales 
defined by the timbrai constructs.
RGT could be used to evaluate the timbre morpher by asking listeners to plot their 
responses to morphed stimuli across the various timbrai descriptors, but the ability to  
predefine the timbrai constructs could also lead to experimenter bias, a problem common 
to other techniques that depend on the experim enter to group or predeterm ine scale or 
descriptor labels. In the case of RGT however, this issue can be readily avoided by the sole 
use of elicited timbrai constructs, though this would have an undesirable knock-on impact 
on total listening test duration.
4.2.4 Free Choice Profiling
Free choice profiling (FCP) aims to allow listeners to describe their experiences of a 
stimulus set, in their own words [113]. FCP also requires a second experimental stage not 
unlike RGT, where the elicited attributes are evaluated quantitatively. For example, FCP has 
been combined with generalized Procrustes analysis (GPA) to statistically quantify 
gestatory6 perception [114]. A consensus of opinion regarding the complete stimulus set 
can then be derived. This technique has the advantage that there is little room for 
experim enter bias, in terms of preselection or labelling of dimensions amongst the stimuli 
but, equally, the wide range of possible responses can make it difficult to extract any 
common meaning from participant responses [115].
6 FCP has been commonly used with food quality and sensation judgments and analysis
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4.2.5 Verbal Protocol Analysis
Verbal Protocol Analysis (VPA), also known as Spontaneous Verbal Description (SVD) is 
similar to FCP, aiming to attach meaning to a given stimulus set, by allowing listeners a free 
choice of vocabulary with which to describe changes amongst a stimulus set. Like FCP, VPA 
is not statistically robust enough to quantify timbrai changes in its own right, but verbal 
elicitation has been used as a combined experimental method with other statistical 
analyses, in order to create a robust hybrid procedure [116].
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4.3 Proposing a suitable methodology for testing a 
timbre morpher
A suitable method from section 4.2 should fulfil certain criteria, described in 4.3.1. If these 
criteria cannot be satisfied by any existing system, then a hybrid test procedure may be 
required.
4.3.1 Criteria for a suitable test methodology
The criteria for a suitable test methodology are:
1) Perceptual changes can be quantified statistically, to ensure that any and all 
variations in perceived tim bre can be accounted for
2) Reported perceptual changes can be labelled with meaningful descriptions, to 
ensure that the tim bre morpher is morphing the intended attribute(s), and no 
other attribute(s).
3) Relative positioning of stimulus set can be illustrated, to establish direction of 
m ovement and timbrai dimensionality amongst the stimulus set. This is im portant 
because it may be necessary to confirm relative positioning of 'in between' 
morphs, and overlap between different attributes.
4) All else being equal, the method with the shortest duration of listener testing will 
be preferable. A method which does not require trained or very experienced 
listeners is also preferable.
Table 4.2 compares the existing methods for describing and quantifying perceptual 
differences in a listening test (as described in sections 4.2.1 - 4.2.5 of this chapter), with the  
criteria for a suitable test methodology established in this section. Of the existing mthods, 
only RGT fulfils the first 3 criteria. Given the long listening tests required for RGT, hybrid 
procedures combining elements of tw o or more methods will be considered.
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Criteria MDS PCA RGT FCP VPA
Statistical
quantification?
Yes Yes Yes Not
directly 
(requires 
2nd stage 
and GPA)
No
Attach 
meaningful 
labels to 
direction or 
dimensionality?
No No Yes (some 
potential for 
bias)
Yes Yes
Illustrate 
direction or 
dimensionality?
Yes Yes Yes No No
Short listening 
test /  less expert 
listeners 
required?
Yes, dependent 
on
dimensionality
No, large 
numbers 
of stimuli 
required
Tristimulus
comparisons
required
(more
comparisons 
than MDS)
Yes Yes
Table 4 .2  - Existing test methods vs criteria for a test method for the timbre morpher
4.3.2 Selecting a hybrid test proceedure
Several combinations of the methods shown in section 4.2 could fulfil all of the criteria:
• MDS combined with FCP
• MDS combined with VPA
• PCA combined with FCP
• PCA combined with VPA
• RGT
Both PCA and RGT require large listening tests. All things being equal, smaller and shorter 
listening tests are preferable, therefore two remaining combinations are possible, MDS and 
FCP, or MDS and VPA.
FCP does not seem to have been combined with MDS as a means of quantifying and 
labelling timbrai change, having been most commonly used in food and drink analysis as a 
discrete process with a second stage of statistical experimentation and GPA analysis 
[117],[118],[115]. MDS and VPA however, have been used by several researchers 
investigating timbrai changes and dimensionality [63],[67],[116], and this demonstrable
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prior experience with audio perception makes an MDS and VPA approach preferable to a 
combination of MDS and FCP.
The suggested combined approach will therefore combine statistical analysis of listener 
responses via MDS in order to establish the number of perceived dimensions, and to plot 
any movement within these dimensions as a 'timbre space'. The stimuli can then be 
described by verbal elicitation to label direction and dimensionality within the timbre  
space. This combination will be piloted in the first study (see 'Brightness' chapter), and 
revised accordingly if necessary.
4.3.3 Expected statistical measures and their relevance
MDS experiments can output a variety of possibly useful measures when analysing pairwise 
comparison data. This sub-section will examine these outputs and their relevance to the 
project.
The experiments will feature pairwise comparisons involving the correct number of stimuli 
to achieve a full and complete analysis. MDS uses a matrix of listener responses, each of 
which will comprise a dissimilarity rating assigned by the listener to a given pair of sounds. 
MDS attempts to map each stimulus onto an object space such that the distance between  
stimuli in the object space are proportional to the Euclidean perceptual distance between  
the actual stimuli (the normalized distances expressed by listeners comparing one stimulus 
to another). The statistical fit will be improved by increasing the number of dimensions 
allowed by the analysis until the actual dimensionality of the data is reached [119]. There 
are various indicators that can be used to determine when the object space is optimal.
S-stress is one of the statistical indicators provided by M D S -a  'goodness of fit' in the  
resultant model (although as high s-stress values indicate a poor fit, s-stress could equally 
be considered a 'badness of fit' measure). Lower stress values can be taken as an indicator 
of a more accurate fit to the input data. High stress values could potentially indicate input 
error (data entry, test specification or similar), or, more likely, that the number of 
dimensions being used by the model is too few to accurately represent the distances 
between the stimuli [120]. A scree plot (a 2-D plot showing dimension number on the x 
axis, and s-stress on the y axis), is a useful way of illustrating the im provem ent in s-stress 
caused by an increase in dimension number of the model. Some researchers use the scree 
plot to search for an elbow or knee at a particular dimensionality, after which the angle of 
the curve showing improvement in s-stress becomes negligible [121]. In order to allow for 
this knee to be visible, a model with more dimensions than are intended must be created.
A more quantifiable indicator than that of a scree plot knee is the presence of an s-stress 
value of lower than 0.1, which would indicate a 'good fit' [122]
The squared correlation index (RSQ), is another useful statistical indicator [123]. RSQ can 
indicate how much of the variation in the input data is accounted for by the model. Overall 
RSQ of more than 0.95 can be taken to be a very confident solution, but some researchers 
state that values as low as 0.60 can be considered acceptable. It would be usual to expect
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RSQ. to increase with dimensionality. An RSQ im provement of less than ~0.05 with an 
increment in the number of dimensions indicates that the im provement is negligible and 
the lower number of dimensions was the optimal solution.
Together these indicators will show w hat dimensionality of solution is optimal and thus the 
likely number of perceptually-significant dimensions in the orignal data. The positions of 
the stimuli within the object space for the optimal solution will provide a further indicator 
of whether the tim bre morpher has successfully controlled a given attribute, at least in 
terms of a change being heard consistently. The type of change would then need to  be 
labelled by the second stage of the experiment, the verbal elicitation. Once labelled by 
VPA, this object space could then be considered the 'timbre space' of the morpher.
The SPSS statistical software has a full-featured set of MDS analyses available (in version 
17+ on the Macintosh -  earlier versions may be missing some or all MDS functionality), 
including 'non optimised individual scaling' (INDSCAL), 'non metric optimised scaling' 
(ALSCAL), and 'proximity scaling' (PROXSCAL). It has been suggested that ALSCAL is less 
suitable than INDSCAL or PROXSCAL for this type of analysis [124], as it requires responses 
based on measures of distance, not similarity (or dissimilarity). Unlike PROXSCAL, INDSCAL 
allows for the analysis of multiple sources, meaning the weighting that each listener 
attaches to their responses can be calculated and applied to the resulting perceptual map. 
Therefore, INDSCAL will be used as it outputs the widest range of measures-of-fit, and 
allows for individual responses to be weighted before perceptual mapping.
A schematic illustrating the complete proposed procedure, including these statistical 
measures is shown in Figure 4.5.
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Figure 4 .5  -  The proposed method for evaluating the timbre morpher, based partly on the 
procedure for validating perceptual unidimensionality described by Neher et al [116]
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4.3.4 Number of Stimuli
The pairwise comparison requires that each stimulus must be compared to every other 
stimulus in the full set, making for a large number of comparisons from even a small total 
number of sounds. MDS requires at least 4 stimuli per analysable dimension, and for the  
data to be statistically reliable, enough stimuli should be used that the intended number of 
dimensions can be exceeded by the analysis. For example, if tw o dimensions are being 
varied and tested, then the possibility of a third dimension must be allowed for and so at 
least 12 stimuli should be used.
For most listeners, 12 stimuli should be a practicable number to evaluate within a 30 
minute listening test, but the method may need revising when additional numbers of 
attributes are included in the morpher. Higher numbers of stimuli, and increased listening 
test duration may become impractical. The morpher will be developed iteratively, with 
each iteration involving the addition and testing of a new attribute, allowing for the  
morphing approach and implementation, and the test method to be evaluated and revised 
as necessary. The issue of listening test duration and the best way to test the ultimately  
increasing number of attributes will be addressed in Chapters 5-7.
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4.4 Conclusions
SMS can be adapted to timbrai control by incorporating specific modules to extract and 
interpolate the known acoustic correlates of a selected timbrai attribute.
Certain timbrai attributes may have a degree of (or even total) overlap in acoustic 
correlation, which could result in undesirable additional timbrai changes whilst morphing a 
specific attribute. This could be tackled in one of three ways. Firstly, an automatic system 
could be developed, whereby an inverse morph of the overlapping attribute is applied to  
the output, such that the hybrid signal is returned to the source value in the unintended 
timbrai attribute. Secondly, the system could function by creating a lookup table of 
acoustic correlates and their corresponding impact on each timbrai attribute. Attributes 
with some unique acoustic correlation could then be compensated with an increase or 
decrease in the appropriate correlate as necessary. This would be somewhat limiting as it 
would only be applicable to attributes with some unique acoustic correlation. Thirdly, a 
user-controllable system could simply indicate on the morph user-interface that when 
attribute a is adjusted by 50%, attribute b is also increased by whatever the given ratio is 
discovered to be. In the first instance, the automated system compensating the known 
attributes will be piloted and evaluated.
In order to test the morpher, listener testing should be used to both quantify, and label 
perceived changes caused by the morpher. Possible methods include Multidimensional 
Scaling, Principal Component Analysis, Repertory Grid, Free Choice Profiling, and Verbal 
Elicitation. Of these techniques only RGT allows for a statistical and verbally applicable 
analysis. However, RGT is a listening-test intensive method, therefore a hybrid procedure 
utilizing both MDS and VPA is proposed, allowing for statistical and descriptive analysis of 
stimulus sets created by the morpher. Similar hybrid methods have been used successfully 
in other experiments. This hybrid procedure will be used as the basis for a pilot experiment, 
with a view to modifying the procedure as applicable over the duration of the algorithm  
design and testing as necessary.
MDS analysis should be capable of indicating whether the correct number of dimensions 
has been manipulated by the morpher, by means of measures of fit such as s-stress and 
RSQ. The object space for the optimal MDS solution can be examined to establish if the  
stimulus set exhibits the correct movement amongst the specified number of dimensions. 
By labelling this movement through a subsequent verbal elicitation, it is hoped that a 
'tim bre space' can be created representing listener responses to the timbrai attributes 
being manipulated by the morpher.
A suitable MDS analysis will require at least 4 stimuli per possible dimension to be 
modelled or mapped. As the number of attributes included in the morpher increases, it is 
anticipated that there will be knock-on effects on the number of stimuli required, and the  
subsequent listening test durations involved. These issues will be addressed in Chapters 5- 
7.
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5 Morphing a Single Timbrai 
Attribute_____________________
The overall aim of the chapter is to establish whether it is possible to create an algorithm  
that can produce a hybrid sound having all the attributes of a source sound except for one 
particular timbrai attribute which has moved a specified distance toward that of a target 
sound. In order to be successful, the algorithm should not significantly affect any other 
attributes. The selection of an initial attribute for inclusion in the timbre morpher will be 
informed by the literature review in Chapter 2, which established that a range of timbrai 
attributes, and corresponding acoustic correlations, exists. After attribute selection the  
morphing algorithm will be designed. The experimental technique proposed in Chapter 4 
will then be applied to test the morpher and to identify any practical problems with the 
technique.
This chapter aims to answer the following research questions:
5.1 Attribute selection and implementation
W hat are the criteria for selection of a first timbrai attribute?
Which attribute(s) fulfil these criteria?
Which attribute should be selected?
W hat are the known acoustic correlate(s) of the possible attribute?
5.2 Designing the single attribute morphing algorithm
How can the acoustic correlates of the selected attribute be adjusted, w ithout 
adjusting any other timbrai attributes?
5.3 Testing the single attribute morphing algorithm
Test results - Did listeners perceive changes in a stimulus set created by the  
morphing algorithm as intended?
Did MDS analysis reveal the intended number of perceived dimensions in 
the stimulus set?
Did VPA testing label movement in the MDS analysis as m ovem ent in only 
the intended attribute of the morphing algorithm?
Did the single attribute morphing algorithm work?
Test modification -  W here there any practical problems with the experimental 
technique?
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5.1 Attribute selection and application
In this section, the attribute selection process is documented. Section 5.1.1 will discuss the  
selection of the first timbrai attribute for inclusion in the tim bre morpher. Section 5.1.2 will 
discuss the possible applications of perceptual control over the selected attribute within a 
tim bre morpher.
5.1.1 What are the criteria for selection of a first timbrai attribute?
For the first iteration of the tim bre morpher, the intention was to specify the minimum  
number of possible variables and evaluate whether the control of a single attribute was 
possible before continuing. An attribute with a minimal level of perceptual overlap was 
therefore desirable, because it would allow for any unwanted perceptual changes to be 
directly attributed to the morpher.
Additionally, the first four criteria informing the selection of any suitable attribute for 
inclusion in the morpher should be adhered to, as shown in Chapter 2, Table 2.5:
1) suitable attributes must be a mem ber of the adapted paradigm
2) suitable attributes should not have duality of meaning
3) suitable attributes should be useful (and/or meaningful) to the intended end-user
4) suitable attributes should be applicable to the widest range of input signals 
possible
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5.1.1.1 Which attribute(s) fulfill all the criteria?
An attribute that only requires one known acoustic correlate, such as brightness, noisiness, 
or roughness, for example, would be a suitable choice at this stage. These attributes are 
shown against the criteria listed in section 5.1.1, in Table 5.1.
Criteria Brightness Noisiness Roughness
Adapted paradigm? Yes Yes Yes
Nonduality of meaning? Yes Yes Yes
Useful and/or meaningful? Yes Yes Yes
Applicable to range of input? Yes(except 
for a pure 
sinewave)
Yes -  but, not 
to totally 
harmonic 
signals
Yes -  but difficult to  
quantify in signals with 
broadband noise 
content
Minimal perceptual overlap Yes Yes Yes
Table 5.1 -  Suitable attributes and initial criteria for selection.
5.1.1.2 Which of the possible attributes should be selected?
It was thought that choosing a comparatively well known and unambiguous descriptor 
would help to cut down noisy data in the results analysis and should also eliminate the  
need for detailed listener training before carrying out perceptual tests. Of the attributes 
illustrated in Figure 2.3, Brightness, Noisiness, and Roughness were shortlisted due to their 
strong correlation with a single, spectral acoustic correlate. Brightness is a well-known, 
user-friendly timbrai attribute and is an often used expression which many musicians [125], 
audiophiles [126], and engineers [127] should be familiar w ith. It is a commonplace term  
used by advertisers and recording equipment designers when referring to recording 
accessories like aural exciters, multiband compressors, and even microphone positions 
[128]. Brightness is more applicable to a range of input signals than noisiness, and 
potentially more straightforward to quantify in a range of input signals than roughness. 
Brightness was therefore selected as the most suitable initial attribute for developm ent in 
the morpher.
5.1.1.3 What are the known acoustic correlate(s) of brightness?
As discussed in Chapter 2, brightness is highly correlated with spectral centroid (the mean 
frequency of a sound's spectrum) [57]. Mathematically, spectral centroid can be 
determined by a straightforward calculation, first shown in Equation 2.2, and repeated in 
this section for the reader's convenience in Equation 5.1. This equation assumes that the  
sound can be resolved into discrete partials, however this equation can be adapted to  
measure the spectral centroid of signals with few , or no discrete partials (such as very noisy 
signals) by splitting the residual data into frequency bins and dividing the sum of the energy 
of each bin by the total residual energy in a similar manner.
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SC = N
Equation 5.1 -  Spectral centroid (SC). Where N  =  number of partials, m-, =  magnitude of 
partial i, fj =  frequency of partial /'. [57]
Figure 5.1 shows the time-varying spectral centroids of tw o different instruments.
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Figure 5.1 -  Time-variant spectral centroid of french horn and electric bass. The spectral 
centroid of the electric bass rapidly drops as the harmonics fade. Because the amplitude of 
the fundamental frequency remains the same, the centroid quickly becomes the frequency 
of the fundamental alone [  129]
5.1.2 Possible applications of a brightness morpher
In the visual world, brightness is related to light and luminance, with suitable antonyms in 
both darkness and dullness. Musicians and audiophiles often think of brightness as a 
measure of high frequency content and focus in a sound [126]. An audio morphing system 
allowing control over brightness could be useful not only for creative sound design, but also 
for mastering and restoration applications -  if it were possible to take the brightness o f a 
reference recording and apply it to an older, possibly duller master recording it would be 
useful for compiling and archiving material.
76
5. Morphing a Single Attribute
5.2 Designing the brightness morphing algorithm
The brightness morphing algorithm was designed to adjust the spectral centroid of the 
hybrid signal independently of other acoustic correlates. The following sections will 
examine this adjustment of spectral centroid, before discussing the possible output signals 
the brightness algorithm might then generate. Finally, the implications of any perceptual 
overlap within the brightness morpher will be considered.
5.2.1 How can the acoustic correlate of brightness be adjusted 
independently, regardless of input signal type?
The system needs to adjust the spectral centroid of a source sound, such that in a 100%  
morph, the spectral centroid of the hybrid signal matches that of the target signal, whist 
other acoustic and timbrai attributes remain unaffected. If the target has a lower spectral 
centroid than the source, the hybrid spectral centroid should be decreased, and vice versa. 
In general terms, this would mean that in the case of a brighter target sound, the spectral 
centroid would have to be raised, and so energy should be added above, and/or removed 
below, the existing spectral centroid of the source sound. In the case of a less-bright target 
sound, to lower the spectral centroid, energy should be removed above, and/or added 
below, the existing spectral centroid of the source sound.
Some signal processing possibilities to adjust the spectral centroid of a source signal are 
illustrated in Figure 5.2 - Figure 5.5. Figure 5.2 and Figure 5.3 show spectral centroid 
adjustments created by amplifying or attenuating existing energy in the source sound 
across a selected frequency range. Given that this adjustment will not be uniform across 
the spectrum of the source sound, this approach might affect listeners' perception of 
attributes correlated with spectral envelope, such as colour. A spectral boost or cut, 
amplifying or attenuating only existing energy has the additional disadvantage that it will 
not work on a pure sine wave (the only approach that would work in this instance would be 
to change the fundamental frequency or add additional harmonics). However, given the  
probable applications of a brightness morpher, the system is unlikely to need to deal with  
such a signal, with complex signals being the most likely sources. Figure 5.4 illustrates a 
system that could move the spectral centroid higher or lower by adding new partials above 
or below the current centroid value. The downside of this system is that it could unduly 
affect attributes such as roughness, where newly generated partials might fall within the 
same critical band as existing partials, particularly with complex waveforms.
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M a g
SC
Figure 5 .2 -  Existing energy in a specified frequency zone is amplified, increasing the 
spectral centroid o f the source sound. The blue line indicates original spectral shape, and 
the red section indicates the frequency zone being amplified. This approach could be used if 
the target sound has a higher spectral centroid than the source.
Mag
1
s c
Figure 5 .3 -  Existing energy in a specified frequency zone is attenuated, increasing the 
spectral centroid o f the source sound. The blue line indicates original spectral shape, and  
the red section indicates the frequency zone being attenuated. This approach could be used 
if the target sound has a higher spectral centroid than the source.
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M a g
T
SC
4 Hz
Figure 5 .4 -  New partials are generated, increasing the spectral centroid o f the source 
sound. The blue line indicates original spectral shape, and the red lines indicate the 
additional partials. This approach could be used if the target sound has a higher spectral 
centroid than the source, and might be the best option for adjusting the brightness o f a 
single sine wave, but the resulting product would no longer be a sine wave.
The preferred approach, as illustrated in Figure 5.5, is therefore to t i l t  the entire spectrum 
up or down to produce a movement in the spectral centroid, w ith  the m inimum impact on 
spectral shape -  adjusting the energy e ither side o f the spectral centroid to  affect the same 
overall spectral centroid shift as the more drastic alternatives shown in Figure 5.2 and 
Figure 5.3. An im plem entation of this system is discussed fu lly in section 5.2.1.1.
M a g
H z
SC
Figure 5.5 -  A spectral ‘tilt’. The blue line indicates original spectral shape, and the red line 
indicates the shift in spectral shape created by the tilt.
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5.2.1.1 Designing a spectral tilting algorithm to adjust spectral centroid
A 'neutral'7 spectral centroid was derived by calculating a mean spectral centroid from an 
analysis of a selection of music samples (see appendix A for a table showing this spectral 
centroid analysis). The neutral value was found to be 3583Hz. This meant that the  
maximum amount of spectral centroid shift required between the source and target signals 
could be calculated from the difference between the source spectral centroid and neutral 
value, and the target spectral centroid and neutral value.
The required shift could then be achieved by applying a spectral tilt (see Figure 5.5) to the  
source sound. This spectral tilt is generated by amplifying or attenuating each of the source 
sound's partial and residual components according to the following formula:
new magnitude = old magnitude + (F - neutral SC) *  T
new and old magnitude arrays in dBFS 
F = frequency of partial or residual component (Hz) 
neutral SC = predetermined neutral spectral centroid (Hz) 
T = tilt factor required to neutralise SC of frame
One tilt is applied to neutralise the spectral centroid of the source and then another is 
applied to move it to the spectral centroid of the target. The degree of the second tilt is 
determined by the tilt required to neutralise the spectral centroid of the target, as shown 
in Figure 5.6.
Mag. Mag. 4
T(a)-T(b)T(b)
HzSC(b) SC(a)NeutralNeutral
Figure 5 . 6 -  The image on the left represents a frame of the target sound (b). The spectral 
centroid is calculated and the tilt required to neutralise it is stored as T(b). The image on the 
right represents a frame of the source sound (a). The spectral centroid is calculated, and the 
tilt required to neutralise it is stored as T(a). The inverse of T(b) is then applied to this 
neutralised (a), to create a new spectrum with the spectral centroid of the target sound.
7 Note that the 'neutral' value employed has no special significance, other than as a convenient 
processing step
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5.2.1.2 Calculating the required tilt factor
The neutralising tilt factor T  was initially calculated by dividing the neutral spectral centroid 
(3583 Hz) by the spectral centroid of each given frame. It was subsequently found that the 
relationship between the required tilt factor and the neutral-to-original spectral centroid ratio 
was not exactly linear and that the amount of spectral tilt required varied, depending on the 
programme type of the source material of the frame. Material with a higher spectral centroid 
required a greater amount of spectral tilt, as shown in
Figure 5.7.
Calculating T  and its relationship to overall Spectral Centroid of input source
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Figure 5 . 7 -  Graph showing tilt values required to neutralise signals with a given spectral 
centroid.
T  was therefore adjusted by a scaling factor Y  necessary for the tilting module to achieve a 
neutral spectral centroid for the input sounds. Y  was calculated by an iterative routine, 
whereby the value of Y is increased until the frame reaches a neutral value after processing. 
This slowed down the processing time of the tilt module considerably, and should be 
considered for re-evaluation, perhaps using a lookup table based on
Figure 5.7 to replace the iterative calculation if processing tim e becomes an im portant 
factor.
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This combined series of processes gave the following formula for the new magnitude of 
each spectral component. In the case of a 100% morph, for each partial and residual 
component, in each frame:
(New Magnitude) = ( (old magnitude) + ( [ (F-neutralSC) * T ] / Y ) )
neutral SC = predetermined neutral spectral centroid (Hz) 
T = the tilt factor required to return the frame to a neutral value
Y = scaling factor determined by an iterative routine in MATLAB
F = frequency of partial or residual component (Hz) 
New and old magnitude arrays in dBFS
The amount of morphing is user variable via a hybridisation multiplier (between 0 and 1 
where 1 is equivalent to the 100% morph) which controls the degree of the final tilt factor 
applied. Therefore, for each partial and residual component, in each frame:
(New Magnitude) = ( (old magnitude) + [P/100] * ( [ (F-neutralSC) * T ] / Y ) )
neutral SC = predetermined neutral spectral centroid (Hz) 
T = the tilt factor required to return the frame to  a neutral value
Y = scaling factor determined by an iterative routine in MATLAB
F = frequency of partial or residual component (Hz) 
P = percentage of movement required towards target sound 
New and old magnitude arrays in dBFS
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5.2.1.3 Other types of morph
Should a morph of all timbrai characteristics be required, a direct interpolation of the 
entire acoustic feature set can be used. A third type of morph, using everything except 
brightness, can be based on a combination of these tw o processes, performed by a direct 
interpolation, together with a reverse spectral tilt to move the spectral centroid of the 
hybrid back towards the source spectral centroid (see Figure 5.10).
This then allows for three discrete types of audio morph:
1) Morph brightness (by way of spectral centroid analysis and manipulation)
2) Morph all characteristics
3) Morph all characteristics other than brightness
The timbrai interpolation process for brightness is illustrated in Figure 5.8 (extraction of 
brightness correlate), Figure 5.9 (interpolate between source and target spectral centroids) 
and Figure 5.10 (compensate undesired changes); these three figures detail the brightness- 
related elements of the 'extract', 'interpolate' and 'compensate' processes (respectively) 
shown in Figure 4.3 which in turn form the 'timbrai interpolation' process included in Figure
4.2.
brightness
Calculate spectral 
centroid of frame
feature set" 
containing 
sinusoid tracks 
+ residual shape)
f  frame I
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V  , r  V
brightness correlate
timbrai
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va!ue(s)
Figure 5.8  - Extract brightness sub-routine. (“extract_brightness” in complete morpher signal 
flow diagram, see Appendix B for overview and other sub-routines).
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Figure 5.9  -  Signal flow of brightness interpolation sub-routine (“morph_brightness’’ in 
complete morpher signal flow diagram, see Appendix B for overview and other sub­
routines). Light gray boxes indicate the same process running twice, on both source and  
target signals.
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Figure 5.10 -  Signal flow of timbrai compensation sub-routine (“compensate” in complete 
morpher signal flow diagram), allowing for three types of timbre morph.
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5.2.1.4 Implications of possible overlap caused by the algorithm
Many of the timbrai attributes discussed in Chapter 2 also have an acoustic correlation with  
spectral centroid, meaning that the spectral tilt algorithm might cause some unintended 
perceptual variation in those attributes. Should any such perceptual overlap be present, it 
is im portant that it be highlighted by the listener evaluation procedure in section 5.3.
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5.3 Testing the brightness morphing algorithm
This section documents the testing of the brightness morphing algorithm, firstly by acoustic 
analysis, then by listener evaluation and MDS analysis, and finally by listener evaluation 
and VP A as specified in Chapter 4. The section evaluates the performance of the brightness 
morphing algorithm, examining whether any unintended perceptual overlap is caused by 
the algorithm. During the course of the evaluation, any practical difficulties encountered 
with the MDS/VPA technique will be noted, with a view to refining the technique, if 
appropriate, in subsequent experiments.
Three types of experiment are reported on here. An informal acoustic evaluation is 
presented in section 5.3.1. A pairwise dissimilarity experiment and MDS analysis is 
documented in section 5.3.2, and finally a verbal elicitation experiment and VP A analysis is 
documented in section 5.3.3.
Together, these experiments aimed to determine whether the brightness morpher 
described above works as intended. If so, then the concept of unidimensional timbrai 
morphing will have been proven (at least for one timbrai attribute), as will the validity of 
the chosen approach. If not, then either the concept, the approach, or both, may need to  
be reconsidered.
5.3.1 Evaluating the brightness morpher by acoustic measurement
Initially the code was tested acoustically, using known signals for the analysis stage, and 
spectral plots to confirm that the output was as expected. This initial testing facilitated 
debugging and adjustment of analysis and synthesis parameters, and also informed the  
selection of a suitable stimulus set for subsequent listening tests. Various source signals 
were morphed via the discrete morphing types {brightness, everything, and everything 
except brightness). The source and target signals themselves were chosen such that the  
spectral plots could be used to determine, by means of harmonic ratio and amplitude, 
whether the morphed output was acoustically as intended (see section 5.3.2 for details of 
stimulus generation). These spectral plots can be seen in Appendix C.
Nonetheless, listening tests were required to validate the perceptual dimensionality of the  
discrete morph types, with the expectation that the brightness morph would exhibit 
movement in a different perceptual dimension to that of the other sonic characteristics.
5.3.2 Pairwise dissimilarity I MDS experiment
This section documents the aims, test specification, stimulus set, listener interface, 
listening panel, and results of the pairwise dissimilarity experiment.
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5.3.2.1 Aims
The pairwise dissimilarity/MDS experiment aims to establish the number of dimensions of 
perceived variation within a stimulus set generated by the morpher. If a source sound is 
morphed towards a target sound in terms of brightness, everything, and everything-except- 
brightness independently then the stimulus set produced by these morphs should contain 
variation in tw o perceptual dimensions, corresponding to (i) brightness and (ii) everything- 
except-brightness. The everything-morphed stimuli should exhibit variation along both of 
these two dimensions in parallel.
5.3 2.2 Test specification
Listeners were asked to compare pairs of sounds in a stimulus set created from each of the  
available morph types in the brightness morphing algorithm (see section 5.2.1.3). 
Dissimilarity responses were collected from the listeners, indicating how dissimilar they felt 
the sounds in a pair were from one another. Each sound in the stimulus set was compared 
to the other by the end of the test. Listener responses were then compiled in a dissimilarity 
matrix and analysed by MDS, to determ ine the perceived dimensionality of the stimulus 
set, and to illustrate the relative perceived position of each stimulus within the set.
5.3.2.3 Stimulus set
Synthesised source and target sounds were used, so that amplitude, fundamental 
frequency, envelope, and duration could be controlled accurately. The source signals were  
synthesised using a MATLAB routine with the following parameters:
• 44.100 kHz sample rate
• 16 bit
• Monophonic
• - 6  dBFS Peak level
• 100 Hz fundamental frequency
• Bandwidth (100 -  4000 Hz)
The stimulus set was then generated using various percentages of morphing between a 
sawtooth (source) and a triangle (target) wave. These waves were chosen because they  
differ in terms of both spectral slope and harmonic content (a triangle contains only odd 
harmonics, each with an amplitude of 1/n [133], and a sawtooth containing odd and even 
harmonics, each with an amplitude of 1/n , where n = harmonic number), resulting in 
different hybrids from each type of audio morph, as shown in the spectral plots (see 
Appendix C). As determined in Chapter 4, four or more stimuli are required for each 
dimension an MDS analysis can reveal [119]. Therefore, in order for the analysis to reveal 
perceptual movement in up to 3 dimensions, 13 stimuli were created with the three  
discrete types of morph. 91 pairs allowed for each of the 13 stimuli to be compared to 
itself, and every other stimulus, with no repeats. Although it would have been preferable to  
include repeats, evaluating 91 pairs roughly equated to thirty minutes of critical listening -  
any longer and the test could have become fatiguing for listeners [130].
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The percentage of movement towards the target for each of the stimuli in the set was 
decided by informal listening, to provide (to the experimenter's ears) perceptually even 
steps across each morphed dimension. After generation the stimuli were loudness- 
equalised by ear. The stimulus set is as shown in Table 5.2.
Label Source Intended Dimension % towards target Target
Sawtoot Sawtooth None 0 n/a
BM20 Sawtooth Brightness 20 Triangle
BM40 Sawtooth Brightness 40 Triangle
BM70 Sawtooth Brightness 70 Triangle
BM100 Sawtooth Brightness 100 Triangle
EE15 Sawtooth Everything Else 15 Triangle
EE40 Sawtooth Everything Else 40 Triangle
EE60 Sawtooth Everything Else 65 Triangle
EE100 Sawtooth Everything Else 100 Triangle
E35 Sawtooth Everything 35 Triangle
E60 Sawtooth Everything 60 Triangle
E80 Sawtooth Everything 80 Triangle
E100 Sawtooth Everything 100 Triangle
Table 5 .2  -  Stimulus set used for pairwise dissimilarity experiment showing source, target, 
and percentage of hybridisation applied. Labels refer to object space plots used in M D S  
analysis, intended type and amount of morph, where BMx indicates an intended brightness 
morph of x% towards the target sound, E E  indicates intended morph of everything else 
except brightness, and E  indicates an intended morph of everything.
S.3.2.4 Listener interface
Listeners were asked to grade pairs of stimuli using a hidden 100 point continuous scale 
with end-points labelled 'Not at all similar' and 'The Same', on an interface created with  
Max/MSP as shown in Figure 5.11. The interface also instructs listeners as follows: "Move  
the sliders to indicate how similar you think A is to B in each iteration. You can revisit any 
iteration at any tim e. Begin at the top and make sure you judge each iteration at least 
once". Stimulus playback is under listener-control. Listeners click the buttons marked A 
and B to begin or end playback of the corresponding stimulus.
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Not at all similar -  Fairly Similar -  The Same
Pair 1
Not at all similar -  Fairly Similar -  The Same
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Not at all similar -  Fairly Similar -  The Same
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start stop
Figure 5.11 -  A section of the M ax/M SP listener interface showing two stimuli per slider 
(there is one slider for each of the paired comparisons in the full interface). Listeners are 
asked to rate how similar they think A is to B using each slider.
The experiment was conducted from a Macintosh iBook G4 laptop, with Senheiser HD650 
circumaural headphones. The test was presented in a small room with a dry acoustic and 
reasonable acoustic isolation.
The thirty-m inute test included a three minute familiarisation stage where listeners were  
presented with the complete stimulus set, with the intention being to encourage listeners 
to use the full scale when evaluating pairs.
5.3.2.S Listening Panel
11 listeners took part in this experiment, each with experience of critical listening to  
recorded audio as part of their training in computer sound design or sound recording at 
undergraduate degree level. Experienced listeners have been shown to give the same 
results as inexperienced ones, but in less tim e, and with less statistical noise [131]. The test 
was carried out over several days according to listener availability.
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S.3.2.6 Results
The listener responses were used to create a dissimilarity matrix, and analysed by MDS 
INDSCAL analysis. The 'measures-of-fit' calculated by the MDS analysis of the responses to  
the experiment are shown in Table 5.3.
Morphs used 
in stimulus set
Dimensionality RSQ RSQ
im provem ent 
to  next dimension up
s-stress
Brightness/ 
everything /  
everything 
except 
brightness
1-D 0.331 0.041 0.209
2-D 0.372 0.049 0.060
3-D 0.421 0.579
(max)
0.020
Table 5.3  - Dimensionality against R SQ  and ‘s-stress’ values in M D S solutions of the 
pairwise dissimiliarity experiment. Bold dimensions/criteria indicate a statistical quality 
criterion has been met. Maximum possible R SQ  improvement at 3-D  is given by 1-3-D RSQ.
As described in Chapter 4, an RSQ im provement of less than ~0.05 indicates no further 
significant im provement and an 'optim al' solution. An RSQ of more than 0.95 is a confident 
solution. S-stress of under 0.1 is considered a good solution.
Each dimensionality achieves at least one of the statistical quality criteria, but with overall 
RSQ values being quite low in comparison to the 0.95 threshold. At 1-D, an optimal solution 
is indicated by an RSQ im provement of less than "0.05. However, s-stress is significantly 
above 0.1, suggesting that this solution is not good, and RSQ is well below a confident 
solution at 0.331. At 2-D, both s-stress and RSQ im provement satisfy their statistical quality 
criteria, indicating a good optimal solution. Again though, RSQ is low, at 0.372, so the  
solution is not a confident one. In 3-D, only the s-stress satisfies the necessary statistical 
criterion, indicating a solution that is good but neither optimal nor confident.
On examining the 'scree plot' created by the MDS analysis, shown in Figure 5.12, a 
significant knee can be seen at the 2 -0  solution, increasing confidence in the this solution. 
This increased confidence, combined with the satisfaction of the s-stress and RSQ- 
im provem ent criteria at 2-D, indicated that the best fit for the data was the 2-D solution.
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Figure 5 .12  - Scree Plot from MDS analysis, showing stress/dimensionality, with a significant 
knee at 2-D
The 2-D timbre space created by the MDS analysis is shown in Figure 5.13.
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Figure 5 .1 3 -  Timbre space showing brightness /  everything /  everything except brightness 
hybrids in the 2 -D  fit suggested by the M DS statistical quality indicators. Stimuli labelled BM, 
E, and E E  were intended to morph Brightness, Everything, and Everything Else respectively; 
the numbers represent the intended amount of perceptual movement toward the target by 
the hybrid, arrows represent direction of perceived movement resulting from each morph 
type.
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The timbre space illustrates the perceived distances between the stimuli - the dimensions 
correspond to perceived dimensions, and the distance to perceived dissimilarity. Stimuli 
placed nearer one another were perceived to be more similar. Although there is movement 
in more than one dimension across the brightness morphed stimuli, the brightness morph 
as a whole appears to be orthogonal to the everything else morph. The stimuli were  
perceived in the intended order, apart from 'EEIOO' (as highlighted in Figure 5.13).
The 'EEIOO' anomaly was investigated by examining the spectral plot of the stimulus (see 
Appendix C), to determ ine if the stimulus had any unusual acoustic properties that had 
previously gone unnoticed, such as clipping, or harmonic distortion. However, the spectral 
plot appeared to be normal, illustrating only odd harmonics in the expected ratio. To try  
and ascertain whether the test procedure itself was to blame, the random order in which 
the stimuli appeared in the test was examined: if that stimulus had appeared very early or 
very late in the test then it is possible that listeners may have found it difficult to rate due 
either to unfamiliarity with the procedure or to fatigue. However, this examination 
determined that pairs including EE100 were distributed evenly fairly through the test.
Given that the stimuli looked and sounded correct (to the experimenter's ears), and 
appeared to have been presented fairly, the anomaly could be due to;
1. an error in the spectral centroid tilting algorithm; or
2. statistically-noisy data (which could result from listeners finding their task too  
difficult)
Since RSQ was low for 1-D, 2-D and 3-D solutions, indicating a lack of confidence overall, 
the noisy data possibility seems likely but a further test would still be useful. If MDS has 
'misplaced1 the EE100 stimulus as a result of attempting to model too much noisy data then 
a simpler 1-D model of the perceived variation between the everything-else-morphed 
stimuli alone could be expected to show them  in the intended order. If, on the other hand, 
the 2-D solution has placed EE100 correctly (i.e. according to how it has really been 
perceived) then the 1-D solution will show the stimuli in the same (unintended) order as 
the 2-D solution. A 1-D plot of the EE stimuli was therefore generated, considering only the  
EE dimension. The stimuli appear to have been perceived in the intended order, including 
EE100, as shown in Figure 5.14.
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Figure 5.14 -  Timbre space showing a 1-D analysis of sawtooth and everything else 
morphs. Each subsequent morph is correctly perceived as incrementally further from the 
sawtooth.
The 1-D tim bre space contradicts the 2-D tim bre space, suggesting that the EE100 was 
perceived as further away from the sawtooth than the other EE stimuli, and that the EE 
stimuli were distanced from one another approximately as intended. Informal feedback 
from the listening panel also suggested that noisy data was the cause, as many of the  
listeners described difficulty in perceiving change amongst the stimuli. Listener difficulty 
could indicate that the perceptual spacing between the stimulus set was too small, but the  
spacing of stimuli in the 1-D plot, although not perfect, is reasonable.
5.3.2.T Discussion
Allowing for the noise in the data due to the reported listener difficulty with the task, it is 
reasonable to conclude that together these results corroborate the perceptual 
unidimensionality of the discrete morph processes. In spite of the EE100 anomaly, all of the 
evidence points to the 2-D model providing the best fit to the perceptual data. In order to 
determ ine perceptual labels for the morphs the subsequent verbal elicitation experim ent 
was then undertaken.
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5.3.3 Verbal elicitation I VPA experiment
In the results of the pairwise comparison experiment, as with all MDS analysis of such data, 
the names of each dimension, orthogonal or otherwise, are not revealed. A verbal 
elicitation experiment was devised to establish whether listeners actually perceived the  
variation in the stimulus set as a change in brightness.
5.3.3.1 Aims
The verbal elicitation experiment aims to:
1) determ ine the appropriate labels for the dimensions shown in the 2-D tim bre space 
of the preceding MDS experiment. This is necessary in order to establish w hether 
listeners perceive the morpher to be manipulating the intended timbrai attributes
5.3.3.2 Experiment Overview
The listening panel was asked to fully describe any changes they perceived in a range of 
hybrid stimuli, selected from the pairwise dissimilarity experiment stimulus set. Their 
responses were then analysed by verbal protocol analysis to establish the most prominent 
descriptors for each timbrai dimension.
5.3.3.3 Stimulus set
The sounds used for the stimulus set were chosen to be, to the experimenter's ears, the  
most easily discernable from one another. The choice was also informed by listener 
feedback from the pairwise dissimarity experiment. The stimulus set is shown in Table 5.4.
# Source Dimension % towards target Target MDS Label
A Sawtooth None 0 n/a Sawtoot
B Sawtooth Brightness 40 Triangle BM40
C Sawtooth Brightness 100 Triangle BM100
1 Sawtooth None 0 n/a Sawtoot
2 Sawtooth Everything Else 15 Triangle EE15
3 Sawtooth Everything Else 65 Triangle EE65
Table 5.4  - Stimulus set for verbal elicitation test
Stimuli A, B, and C were intended to differ only in terms of the brightness dimension, 
stimuli 1-3 only in terms of everything else except brightness dimension. The stimulus set 
was kept smaller than the first experiment to allow the listeners to pinpoint any perceived 
change more readily, and without the need for a familiarisation stage.
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5.3.3.4 Listening panel and interface
The stimulus set was sent to four balance/mastering engineers, who were asked to listen in 
their own tim e using circumaural headphones, and describe the variations they perceived 
in as much detail as possible (see Appendix D for responses and complete instructions). 
These listeners were chosen with the intention that their critical experience of listening to  
and engineering recorded audio would help with the identification and labelling of any 
perceptual change present in the stimulus set.
5.3.3.5 Results
Listener responses elicited during the verbal elicitation experiment can be seen in Appendix 
D.
24 descriptors appeared in the four sets of responses, 12 in response to the brightness 
stimuli, and 12 in response to the everything-else stimuli as shown in Table 5.5 and Table 
5.6. The descriptors were grouped together by the experim enter based on their meaning 
(for example, synonyms antonyms and commonalities), as follows:
• Brightness, Sharpness, and Dullness. Each of these terms seems to refer to differing 
ends of one perceptual dimension, as seen in Grey [27], von Bismarck [61],[62] and 
Atsushi & Martens [83]. A signal lacking brightness could reasonably be described 
as dull. A signal with an excess of brightness could be described as sharp.
• Hollowness, Oscillator Source, and Wave Shape. Hollowness was taken to be a 
reference to the ratio and balance of harmonics, or more accurately the difference 
between a signal with odd and even harmonic content versus a signal with only 
odd harmonic content, as discussed in [70] and [132]. Signals with differing 
harmonic content are often found on analogue (or digital) synthesizers, as 
oscillator sources or occasionally labelled as wave shapes where a sawtooth wave 
with odd and even harmonics gradually becomes a 'hollower' sounding square 
wave, with only odd harmonics. Musicians or sound engineers might be more 
familiar with synthesis-based terms than with other timbrai descriptors such as 
hollowness.
• Loudness, Level Change. Whilst level change and perceived loudness are not the  
same thing, the listening panel used in this experiment would likely refer to  
loudness as one end of a scale of level change, the other end being quietness 
(although the term  quietness did not appear in the results). These descriptors 
highlighted that in the final evaluation of the morpher, a more complete approach 
to loudness equalization might be prudent, although the development of a fully 
robust procedure may be outside the scope of the current project.
• Spectral Change, Filtering. A filter or equalizer is used to apply spectral change.
• Width, Wideness. These terms are used interchangeably to describe the same 
timbrai attribute.
• Pitch change. This term  had no other obvious terms to be grouped with, and pitch 
is a fundamental perceptual term .
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• Vibrato. Vibrato could have been grouped with Pitch change, but it seemed likely 
that listeners who mentioned vibrato would consider it a different param eter to  
non-periodic pitch change.
• Phase Shift. This term  could have been included with filtering, but was grouped 
alone as listeners seemed to use it when to describe a phasing-type effect, rather 
than to mean a side effect of spectral equalization.
Subsequently the number of listener responses in each group was summed and an overall 
prominence, indicating the perceptual importance of each group was calculated, by 
dividing the number in each group by the total number of responses [144]. The groupings, 
number of occurrences, and overall prominence for each group are shown in Table 5.5 and 
Table 5.6. Bar graphs illustrating the prominence of each group are shown in Figure 5.15 
and Figure 5.16.
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Groups of similar descriptors used to describe 
dimension A
Occurrences Overall prominence 
(occurrences /  total)
Brightness/Sharpness/Dullness 6 43%
Spectral Change/Filtering 4 29%
Pitch Change 1 14%
Hollowness/Oscillator Source/Wave Shape 1 7%
Table 5.5 -  Verbal elicitation results for brightness morphed stimuli
Brightness/Sharpness/Dullness
I Spectral Change/Filtering
i Pitch Change
i Hollowness/Oscillator 
Source/Wave Shape
Figure 5.15 -  Bar graph showing overall prominence of groups used to describe brightness 
morphed stimuli
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Groups of similar descriptors used to  
describe dimension B
Occurrences Overall prominence 
(occurrences /  to tal)
Hollowness/Oscillator Source/Wave Shape 4 33%
Spectral Change/Filtering 3 25%
Loudness /  Level Change 1 8%
Width/Wideness 1 8%
Pitch Change 1 8%
Vibrato 1 8%
Phase Shift 1 8%
Table 5.6 -  Verbal elicitation results for everything-else stimuli
0.35
■  Hollowness /O scilla tor Source/ 
Wave Shape
■  Spectral Change/ Filtering
■  Loudness /  Level Change
■ W id th / Wideness
■  Pitch Change
■  Vibrato
■  Phase Shift
Figure 5.16 - Bar graph showing overall prominence of groups used to describe everything 
else morphed stimuli
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5.3.3.6 Discussion
The most prominent dimensions, based on the overall prominence values, were:
• Dimension A (stimuli A,B,C) -  Brightness, sharpness, dullness
• Dimension B (stimuli 1-3) -  Hollowness, oscillator source, wave shape
It should be noted that as there were only four listeners, using a higher number of listeners 
could increase the statistical significance of this experiment. Also, although it could be 
reasonably assumed that most listeners used a high quality pair of headphones and carried 
out the experiment in a suitable, acoustically isolated environment, the lack of a consistent 
presentation method might also have an impact on the variety of listener responses.
Finally, the groupings of terms were possibly liable to experimenter bias, and for future  
experiments an independent academic should be invited to carry out any grouping for 
verbal analysis. Nevertheless, in the brightness-morphed stimulus set, (dimension A), 
brightness was the most prevalent response, giving a strong indication that most listeners 
perceived the change as one of brightness. Amongst the everything else stimulus set 
(dimension B), hollowness/oscillator type/w ave shape was weighted most predominantly.
It should be noted that the second most common response in both set A and set B was 
spectral change. This shared perception of spectral change could suggest common 
dimensionality. However, spectral change is a very general term  which could apply equally 
to changes in hollowness or brightness.
5.3.3.7 Conclusions from verbal elicitation experiment
The predominance of occurrences of brightness in dimension A, and hollowness in 
dimension B, indicated the listeners heard the corresponding stimulus sets as changing 
across the intended dimensions.
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5.4 Conclusions
Brightness, noisiness and roughness were identified as suitable candidates for the first 
attribute to be morphed. Brightness was chosen because it was known to be strongly 
correlated to the spectral centroid of a sound. A timbrai attribute with a single acoustic 
correlate was preferable at the pilot stage of the project, such that any errors in the 
algorithm or test procedure could be clearly identified at the earliest stage possible, should 
multi-dimensional variations be revealed by the statistical analysis of listener responses. As 
well as having useful possible applications in a finished morpher such as sound design, 
audio mastering, and restoration, it was also hoped that choosing a familiar attribute  
would help listeners in the evaluation process.
The brightness morphing algorithm used a system that tilted the spectrum of the hybrid 
feature set, such that its spectral centroid moved towards that of the target sound. The 
extra modules required for the algorithm to function were a spectral centroid calculator, a 
spectral centroid neutralisation stage (incorporating an iterative routine) and a spectral 
centroid tilting module. The brightness morpher could then generate signals varying in 
brightness, all characteristics, or all characteristics other than brightness.
The brightness morpher's operation was initially verified acoustically, before undergoing 
the perceptual testing procedure recommended by Chapter 4. A pairwise dissimilarity 
/M D S  experiment demonstrated that the morpher produced hybrids varying along tw o  
distinct timbrai dimensions. A subsequent VPA experiment provided the labels brightness 
and hollowness for these dimensions. For the particular source and target stimuli chosen, 
hollowness was an appropriate label for everything-except-brightness. Together, this 
combination of experiments demonstrated that morphing of a single timbrai attribute with 
a single spectral acoustic correlate was possible and that the approach to timbrai morphing 
taken so far in this thesis is viable. A more advanced morphing system including additional 
timbrai attributes can now be considered (see Chapters 6-7).
Various practical problems with the morpher and the test procedure were identified. Some 
of these warrant immediate action and will be addressed in the following chapters. Others 
are outside the scope of the current project but would be worthwhile topics for future  
investigation.
1. Listeners should undertake the verbal elicitation test via a consistent presentation  
method, and grouping of responses should be undertaken by an independent 
academic
Why? Jo ensure consistency amongst listener responses, such that any 
variation in listener response can be attributed to perceived variation in 
the stimulus set, and to minimize possible bias in groupings of listener 
responses at the analysis stage. This should be flagged for immediate  
action in future experiments.
101
5. Morphing a Single Attribute
2. A larger panel of listeners should undertake the verbal elicitation test
Why? Four experienced listeners used a large, and differing vocabulary, 
when describing just tw o timbrai dimensions. Increasing the number of 
dimensional variation in future experiments may exacerbate this, and the 
statistical significance of the VPA could fall. A larger 'critical mass' of 
respondents would therefore be preferable. This should be flagged for 
immediate action in future experiments.
3. Testing with simple synthesised signals makes listener testing difficult.
Why? Listener feedback to the VPA experiment suggested that real-world 
sounds might be easier to differentiate between and therefore might 
produce less noise in the results of future experiments. Moreover, for the 
timbre morpher to be practicable it should be effective with real-world 
sounds (such as musical instruments or voice recordings). Nonetheless, 
synthetic stimuli offer a great deal more control over the exact acoustic 
differences between source and target signals, which is advantageous at 
this stage of development. Therefore, synthetic stimuli should still be used, 
with the requirem ent that real world source and target stimuli be utilised 
at some stage of the project to confirm the morpher is ecologically valid.
4. Existing code should be streamlined, and the iterative calculation from the tilt 
module removed
Why? Ultimately, a tim bre morpher would be most useful to the practising 
musician, engineer, or sound designer if it could operate in real time. 
Streamlining the existing code and removing the iterative calculation are a step 
towards this, and should make incorporating additional code in the future  
more straightforward. This is outside the scope of the current project, but is 
worthy of consideration for further work.
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6 Morphing a Second Timbrai 
Attribute____________________
The brightness study established that a morph along a single timbrai dimension with  
spectral correlates was possible. This chapter reports on the implementation and 
evaluation of a second timbrai attribute within the morpher. It was intended that the  
morpher should be able to manipulate attributes with tem poral acoustic correlates as 
well as the spectral correlate used by the brightness morpher.
The overall aim of the chapter is to establish whether the inclusion of a further 
attribute within the morpher is possible. The selection of the second attribute is 
discussed first, before the algorithm required to manipulate the acoustic correlate(s) of 
the chosen attribute is described. Finally, the chapter will report on the revised 
listening test procedure, and evaluate its results.
This chapter aims to answer the following research questions:
6.1 Attribute selection and implementation
W hat are the criteria for selection of a second timbrai attribute?
Which attribute(s) fulfil these criteria?
Which attribute should be selected?
W hat are the known acoustic correlate(s) of the chosen attribute?
W hat weightings should be used for each of these attributes 
when designing the morphing algorithm?
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6.2 Designing the second attribute morphing algorithm
How can the acoustic correlates of the selected attribute be adjusted, w ithout 
adjusting any other timbrai attributes?
6.3 Testing the single attribute morphing algorithm
Test results - Did listeners perceive changes in a stimulus set created by the  
morphing algorithm as intended?
Did MDS analysis reveal the intended number of dimensions in the  
stimulus set?
Did VPA testing label movement in the MDS analysis as m ovement in 
only the intended attribute of the morphing algorithm?
Did the second attribute morphing algorithm work?
Test modification -  W here there any further practical problems with the  
experimental technique?
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6.1 Attribute selection and implementation
This section will discuss the selection of softness as the second timbrai attribute for 
inclusion in the tim bre morpher (section 6.1.1). The exact contribution of the known 
acoustic correlates to this attribute could not determined from the previous literature 
review, necessitating a preliminary experiment before the appropriate morphing 
algorithm could be designed. This experiment is documented in section 6.1.2.
6.1.1 What are the criteria for selection of a second timbrai attribute?
A complete tim bre morpher should be able to control attributes with the full range of 
acoustic correlates, spectral, and tem poral. It was therefore the intention that the  
second stage of the morpher should try to establish whether the morpher could 
successfully manipulate tem poral acoustic correlates.
As with the selection of the first attribute, brightness, the first four criteria informing 
the selection of any suitable attribute should also be adhered to, as shown in Chapter 
2, Table 2.5:
1) suitable attributes must be a m em ber of the adapted paradigm
2) suitable attributes should not have duality of meaning
3) suitable attributes should be useful (and/or meaningful) to the intended 
end-user
4) suitable attributes should be applicable to the widest range of input signals 
possible
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6.1.1.1 Which attribute(s) fulfil all the criteria?
A review of the attributes discussed in Chapter 2, Table 2.4, indicated that softness, 
smoothness, thickness, boldness, and richness were all partially correlated with at least 
one tem poral acoustic correlate. Softness was thought to be correlated with onset 
duration and inharmonicity, smoothness with attack period and sustain duration, 
thickness with the onset spectra, boldness with dynamic range and onset energy, and 
richness with the fluctuation of energy between adjacent partials (these acoustic 
correlations are discussed in more detail in section 6.1.1.2).
Therefore, these attributes were shortlisted for selection, and are shown against the 
criteria listed in section 6.1.1 in Table 6.1.
Criteria Softness Richness Thickness Boldness Smoothness
Adapted
paradigm?
Yes Yes Yes Yes Yes
Nonduality of 
meaning?
Yes Yes Yes Yes Yes
Useful and/or 
meaningful?
Yes Yes Yes Yes Yes
Applicable to 
range of 
input?
Yes No -  definition is 
unclear for noisy 
signals lacking 
distinct partials
Yes Yes Yes
Temporal
acoustic
correlate?
Yes,
onset
duration
Yes, fluctuation 
between adjacent 
partials (beating - 
see ospers in 
Glossary)
No Yes, but 
problematic
Yes, partially 
to onset and 
sustain 
duration. 
Also
correlated 
with beating 
(see ospers 
in Glossary)
Table 6.1 -  Suitable attributes and criteria for selection.
6.1.1.2 Which of the possible attributes should be selected?
Of the possible attributes in Table 6.1, every attribute fulfilled the first three criteria. 
The known acoustic correlates suggested that only so/tness, thickness, boldness and 
smoothness would be completely applicable to a wide range of input signals -  richness 
was correlated with fluctuation strength between partials (similar to roughness) with  
no other reported tem poral correlation, suggesting that with very noisy signals it would 
be difficult to quantify. Thickness is mainly correlated with spectral bandwidth and 
noisiness. Boldness is correlated with onset energy and dynamic range, which is 
problematic since it is unclear what should be taken as the lowest level when 
calculating the dynamic range of a single sound. This leaves softness and smoothness 
as the only candidates. The final selection was informed by the likely ease of acoustic
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manipulation. Softness is correlated with only one tem poral parameter -  onset time. 
Smoothness, however, is correlated with onset tim e, sustain tim e and beating rate. 
Softness was therefore chosen as the next attribute to be implemented in the morpher.
6.1.1.3 What are the known acoustic correlate(s) of softness?
As shown in Chapter 2, a review of published research into timbrai attributes suggested 
that softness was correlated with both inharmonicity and attack tim e  
[15],[23],[32],[47],[67],[80]. However, the relative contribution of each of these 
attributes to perceived softness was unknown, which necessitated the design of a 
preliminary experiment.
6.1.2 Preliminary experiment
The preliminary experiment aimed to:
1) reveal the contribution of each documented acoustic correlate to perceived 
softness, and,
2) derive a softness matrix modelling the relative contribution of those correlates, 
if necessary, such that their relative contribution could be incorporated within  
the subsequent design of the morphing algorithm.
The experiment asked listeners to evaluate perceived softness across a range of stimuli 
varying in both correlates.
6.1.2.1 Stimulus selection and generation
The stimulus set was synthesised using MATLAB mathematical modelling software. 
Stimuli were generated with a fixed fundamental of 100 Hz, normalized peak 
amplitude, and 4 additional partials, to ensure that upper harmonics would not clash 
within a critical band, which might otherwise have caused variations in the perceived 
roughness (or richness) of the stimuli [26].
Inharmonicity values were measured using the inharmonicity coefficient specified by 
Bossing [133], shown in Equation 6.1.
a«2- i}  *» */[i])
Equation 6.1 - Inharmonicity coefficient 
h = inharmonicity coefficient 
n =  partial number 
f[n] =  partial frequency
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To establish a suitable range of inharmonicity values for the experiment, 10 sounds 
were initially generated, varying from totally harmonic to totally inharmonic in 10% 
increments. This stimulus set was listened to informally and, to the experimenter's 
ears, a difference of at least 20% was required in order to readily differentiate between  
the sounds. Therefore, when generating the stimuli for the experiment, five values of 
inharmonicity were used: from 0% to 100% in 25% increments.
W hen selecting attack tim e values, in keeping with research on percussion onset times 
[80],[134], an initial stimulus set comprising 39 sounds varying from instantaneous to 2 
second attack times was generated and evaluated informally. To the experimenter's 
ears, differences of smaller than 25ms were difficult to discriminate between, and 
sounds with longer attack times than 100ms did not appear to be varying in perceived 
softness. Furthermore, an instantaneous attack was giving rise to a digital click on some 
playback systems. Attack tim e values for this experim ent were therefore set in 25ms 
increments, up to 100ms, though the instantaneous attack value was adjusted to 5ms 
to avoid the occurrence of a digital click. All attack envelopes were linear.
The full stimulus set is summarised in Table 6.2.
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Stimulus No. Attack Time Inharmonicity
1 5ms 100%
2 5ms 75%
3 5ms 50%
4 5ms 25%
5 5ms 0%
6 25ms 100%
7 25ms 75%
8 25ms 50%
9 25ms 25%
10 25ms 0%
11 50ms 100%
12 50ms 75%
13 50ms 50%
14 50ms 25%
15 50ms 0%
16 75ms 100%
17 75ms 75%
18 75ms 50%
19 75ms 25%
20 75ms 0%
21 100ms 100%
22 100ms 75%
23 100ms 50%
24 100ms 25%
25 100ms 0%
Table 6.2  - Stimulus set for preliminary experiment
Moving from stimulus 1 to stimulus 7, to 13, to 19, to 25, gives increased attack tim e  
and decreased inharmonicity at each step and so, according to the published research 
mentioned above, should provide increased softness at each step, regardless of the  
relative contributions to softness of these tw o parameters. These five stimuli were  
therefore chosen as references.
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6.1.2.2 Test procedure and listening panel
In the listening test, each reference stimulus was presented 5 times: once together 
with all the 0% harmonic stimuli, once together with all the 25% harmonic stimuli, once 
with all the 50%, once with all the 75% and once with all the 100%. Thus, for each 
listener, the test consisted of 25 presentation groups, represented by the 25 rows of 
buttons on the user interface shown in Figure 6.1. The left-most button in each row  
triggered playback of a reference stimulus; the other 5 buttons triggered playback of 
each of the comparison stimuli in one presentation group, ordered from left to right in 
order of increasing attack time. For each presentation group (row) the listener's task 
was to audition each stimulus in that group and to select the non-reference stimulus 
whose softness matched most closely that of the reference. The row order was 
randomised.
12 listeners, all from a similar pool to that of the brightness experiment, with some 
experience of audio engineering, took part in the test.
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In this tes t, you will be evaluating 'softness' - a timbrai a ttribute  with undisclosed acoustic 
correlates. These correlates will vary across the stimuli here. For each row, select the 
sound from  A-E which has 'softness' most similar to that of the reference, before moving 
on. You can go back and change your mind at any time. NB, wait till each sample has played 
before clicking the next button.
Click here to initialise sound
Reference
0 0
0 0
0
ni_j
d H
0 0
0 0
0 0
0 0
0 Q
0 @3
o 0
0 0
□ □
Reference
□ a
□  q
□  0
□ 0
□ 0
□ 0
□ 0
□ 0
□ 0
□ o
Please click here vhen you are finished
Figure 6.1 - Listener interface of preliminary experiment, showing 25 stimulus 
presentation groups.
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6.1.2.3 Results
Each listener's responses comprised a series of 25 attack tim e values. For each 
combination of reference stimulus and comparison inharmonicity (i.e. each 
presentation group or row), the listener's response revealed the attack tim e, for a 
stimulus of that particular inharmonicity, that they felt gave it a softness most close to 
that of the reference stimulus. Mean results across all listeners, for each of the 25 
presentation groups, are summarised in Table 6.3.
Inharmonicity of Comparison Stimuli
Reference Stimulus 0% 25% 50% 75% 100%
1. 5ms 100% 17.9 16.3 14.2 16.7 16.1
7. 25ms 75% 40 35.4 29.2 37.5 36.5
13. 50ms 50% 62.5 60.4 50 62.5 54.2
19. 75ms 25% 77.1 72.9 64.6 81.3 77.1
2 5 .100ms 0% 89.6 85.4 72.9 87.5 79.2
Table 6.3  - Results from preliminary experiment Numbers in body of table are means of 
matched stimulus attack times (ms).
These results show little variation in terms of mean matched attack tim e across the  
range of inharmonicity values. The full set of result data is plotted as means plus 95%  
confidence intervals in Figure 6.2, which can be interpreted as a set of 5 equal-so/tness 
contours. Each softness contour shows the combinations of inharmonicity and attack 
tim e which will lead to a softness equal to that of the reference stimulus identified in 
the key.
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X  Ref.l: Sm s/100%  (least soft)
% Ref.7: 2Sms/75%
Ref. 13: 50m s/50%  (mid-soft) 
I  Ref. 19: 75 ms/25 %
Ref.25: 100m s/0%  (most soft)
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Com parison s tim ulus in h a rm o n ic ity
(%)
Error Bars: 95% Cl
Figure 6.2 - Listener responses plotted as means plus 95% confidence intervals. Data 
relating to each reference stimulus are connected to show an equal-softness contour.
6.1.2.4 Discussion
The data relating to any softness level in Figure 6.2 can be fitted  by a straight horizontal 
line. This suggests that inharmonicity did not make a significant contribution to  the 
perception of softness. At least w ith  the chosen stimuli, softness is correlated solely to  
attack tim e. This finding contradicts previous research reported in chapter 2. It is likely 
tha t playing a musical instrument more softly would result in both a longer attack tim e 
and increased harmonicity, so any research based on observation of real instrum ent 
sounds would find softness to  be correlated w ith  both of these parameters. It is 
possible, however, tha t even w ith real instrum ent sounds the perception o f softness 
results solely from  the increased attack time. Further work, outside the scope o f the 
current project, would allow this hypothesis to  be tested. For the current investigation, 
however, this prelim inary experiment indicates that the appropriate weightings of 
attack tim e and inharmonicity in the softness morph algorithm should be one and zero 
respectively.
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6.2 Designing the softness morphing algorithm
In view of the results of the preliminary experiment, the softness morphing algorithm  
was designed to manipulate attack tim e as a sole acoustic correlate. This section will 
firstly examine a method for adjustment of attack tim e, before discussing the possible 
output signals the softness algorithm might then generate. Finally, signal flow diagrams 
illustrating the sub-routines required will be presented.
6.2.1 How can the acoustic correlate of softness be adjusted?
The softness algorithm needed to adjust the attack time of a source sound, such that in 
a 100% morph, the attack tim e value of the hybrid signal matches that of the target 
signal, whist other acoustic and timbrai attributes remain unaffected. A generic 
illustration of this process (using a 50% morph) is shown in Figure 6.3. The source 
attack frames are timestretched towards the target amplitude peak frame value (in a 
100% morph), before new hybrid frame values are generated by linear interpolation  
from the timestretched envelope.
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amp. amp
— — f— time 
■
max is at time 0.2
time
maxis 
at time 0.4
amp
-L time
max is at time 0.3
New frame values generated by linear interpolation (morphjsoftness subroutine), 
new data track created with attack morphed amplitude envelope
amp
time
max is at time 0.3
Figure 6.3 -  Generic illustration of a 50%  attack time interpolation and subsequent 
frame generation. Vertical lines are nominally frame values. Horizontal curve represents 
a smoothed amplitude envelope between frame values.
The simplistic view of amplitude envelope taken by this approach, whereby a threshold 
detection procedure finds the frame containing the maximum peak level across the  
entire signal, and subsequently defines the input signal's attack portion as ending at 
that fram e would not be robust to more complicated envelopes. In such a case, the  
system would require a more complex onset detection system, of which there are 
many possibilities [135], three of which are shown in Figure 6.4, Figure 6.5 and Figure 
6.6.
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actual 
max. energy
>
C3
time
Figure 6.4 -  Attack portion (shaded red) of a complex temporal envelope is assumed to 
fall between the onset and peak energy. This is the method used by the softness 
morpher.
actual 
max. energy
attack portion 
derived by 
fixed threshold'a 9 0 %
20%
time
Figure 6.5  - Attack portion (shaded red) of a complex temporal envelope is estimated by 
applying user determined threshold settings for beginning and end of attack portion 
logging -  in this example, thresholds are set to begin logging attack portion at first 
instance of 20%  of actual maximum energy, and end logging attack at first instance of 
90%  of actual maximum energy [135].
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actual 
max. energy
attack portion 
derived by max. 
temporal slope
>
time
Figure 6 . 6 -  Attack portion (shaded red) o f a complex temporal envelope is estimated by 
calculating the steepest increase in energy, weighted by average of total slope [135]
Estimating complex amplitude envelopes was not the main focus of this work, but the  
addition of a sub-routine to tackle this issue within the softness morphing algorithm  
could be a useful additional aim for further work.
6.2.1.1 Other types of morph
The addition of a softness morphing algorithm to the brightness morphing system 
described previously should allow for six discrete types of audio morph:
1) Morph all characteristics
2) Morph brightness only (by means of spectral centroid manipulation)
3) Morph softness only (by means of attack tim e manipulation)
4) Morph all characteristics other than softness
5) Morph all characteristics other than brightness
6) Morph all characteristics other than brightness and softness
7) Morph brightness and softness only
To morph all characteristics a direct interpolation of the entire acoustic feature set is 
used. For the brightness morph, a spectral tilt is applied, such that the spectral centroid 
of the source sound shifts towards that of the target sound. The softness morph 
timestretches the source sound's attack portion such that its duration moves towards 
that of the target sound's attack duration. The fourth type of morph is achieved by 
combining an everything morph with a reverse softness morph, to move the attack 
portion of the morph back towards that of the source signal. The fifth type of morph is 
based on a combination of the 'all characteristics' and brightness morph, and performs 
a full interpolation together with a reverse spectral tilt to move the spectral centroid 
back to its original value (see Chapter 5). The sixth type of morph is achieved by
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carrying out an everything morph followed by an inverse brightness and inverse 
softness morph (i.e. process 1, followed by inverse process 2 and 3). The seventh type 
of morph, brightness and softness, is achieved by daisy-chaining processes 2 and 3. At 
this stage, the aim was to establish if softness could be manipulated independently 
from brightness and the other characteristics. Therefore this seventh morph type was 
not included at the next experimental stage.
The sub-process of extracting softness by simple onset estimation within the morphing 
algorithm is shown in Figure 6.7. The sub-process of interpolating the softness correlate 
is then shown in Figure 6.8.
S ' "feature set" 7  
f  containing /
I sinusoid tracks I 
residua] shape^
brightness softness
Calculate spectral 
centroid of frame sum magnitude 
m full frame
frame 
spectral centroid FM of frame ( )
yiscunenK  
frame louder 
than previous 
loudest 
X  frame? y //
f  vector of 
loudest 
frame number j 
V magnitude
store previous 
loudest frame 
number (as peak 
of attack portion)
no -t>
yes
overwrite frame 
number of 
previous loudest 
frame with current 
frame number
to next
frame
softness correlate J
brightness correlate
Figure 6 . 7 -  Extract softness sub-routine. (“extract_softness” in complete morpher signal 
flow diagram, see Appendix B for overview and other sub-routines). FM  indicates 
magnitude of frame ( ).
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j The timbrai attribute values in
i this subroutine are the frame time
| with the maximum peak, representing
| the end of the attack onset portion
I-----------------%------------------------- x
*  \
""feature set" (B) 
containing j 
sinusoid tracks 
+ residual shape
"feature set* (A) 
containing j 
sinusoid tracks 
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timbrai attribute 
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zts frame time' 
>= timbrai 
attribute value 
v (A)? y
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—f  morph /  
/  reqrired /
target onset time = 
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onset(A)]xm%yes
i interpolated feature set 
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target onset 
time
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timbrai attribute value (A)
stretch factor
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= frame time (A) * stretch factor
hybrid frame ampffreq values 
generated by resampling stretched 
___________ onset___________
interpolated 
feature set
Figure 6 . 8 -  Interpolate softness sub-routine (“morph_softness” in complete morpher 
signal flow diagram, see Appendix B for overview and other sub-routines).
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6.2.1.2 Implications of possible overlap caused by the algorithm
Given that softness and brightness do not share any known acoustic correlation, it was 
anticipated that the tw o controls would be perceptually independent once 
implemented within the morpher. However, as with the brightness experiment, it 
remained im portant that, should any such perceptual overlap exist, it be highlighted by 
the listener evaluation procedure in section 6.3.3.
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6.3 Testing the softness morphing algorithm
This section documents the testing of the softness morphing algorithm, by pairwise 
listener comparison and MDS analysis, and then by verbal elicitation and VPA as 
specified in Chapter 4 and piloted in Chapter 5. The section evaluates the performance 
of the softness morphing algorithm, chiefly examining whether listeners perceived 
changes in softness as intended. Additionally, the listener evaluation will show whether 
the softness algorithm produced any unintended effects on brightness (or other timbrai 
attributes), During the course of the evaluation, any practical difficulties encountered 
with the MDS/VPA technique will be noted, with a view to further refining the  
technique, if appropriate, in subsequent experiments.
A brief description of a preliminary acoustic evaluation is given in section 6.3.1. A 
pairwise dissimilarity experiment and MDS analysis is documented in section 6.3.2. 
Finally a verbal elicitation experiment and VPA analysis is documented in section 6.3.3.
Together, these experiments aim to determ ine whether the softness morpher 
described above works as intended. If successful, then the concept of unidimensional 
timbrai morphing, and the validity of the chosen approach, will have been proven for 
timbrai attributes with both spectral and tem poral acoustic correlates. If not, then the  
concept, approach, or both, may need to be reconsidered.
6.3.1 Evaluating the softness morpher by acoustic measurement
Initially the code was tested acoustically, using similar signals to that of the brightness 
experiment (Chapter 5), with the addition of a 250ms onset envelope applied to the  
target signal. This meant that unlike the brightness experiment, spectrogram analysis 
rather than spectral plotting was required in order to confirm that the hybrid outputs 
were as expected, by means of harmonic ratio, amplitude, and tem poral variation. As 
before, various hybrid signals were created via the discrete morphing types {brightness, 
softness, everything, everything except brightness, everything except softness, 
everything except softness and brightness). These spectrogram analyses can be seen in 
Appendix C.
As with the brightness experiment, softness is a perceptual attribute and therefore  
required investigation by perceptual listener testing. The expectation of this testing 
was that the softness morph would exhibit m ovement in a different perceptual 
dimension to that of both brightness and the other sonic characteristics.
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6.3.2 Pairwise dissimilarity I MDS experiment
This section documents the aims, test specification, stimulus set, listener interface, 
listening panel, and results of the pairwise dissimilarity experiment.
6.3.2.1 Aims
The pairwise dissimilarity/MDS experiment aims to establish the number of dimensions 
of perceived variation within a stimulus set generated by the morpher. If a source 
sound is morphed towards a target sound in terms of softness, brightness, everything, 
everything-except-brightness, everything-except-softness and everything-except- 
softness-and-brightness independently then the stimulus set produced by these 
morphs should contain variation in just three perceptual dimensions, corresponding to  
(i) softness, (ii) brightness and (iii) everything-except-softness-and-brightness. The 
everything-morphed stimuli should exhibit variation along all three of these dimensions 
in parallel. The everything-except-softness-morphed stimuli should exhibit variation 
along dimensions (ii) and (iii). The everything-except-brightness-morphed stimuli 
should exhibit variation along dimensions (i) and (iii).
6 3.2.2 Test specification and modification to brightness procedure
As per the brighntess experiment, listeners were asked to compare pairs of sounds in a 
stimulus set created from each of the available morph types (see 6.2.1.1).
6.3.2.3 Stimulus set
The stimulus set was generated as per the brightness experiment, from synthesized 
source and target sounds with identical amplitude, duration, and fundamental 
frequency. Amplitude envelope on the target signal was altered, such that there would  
be an acoustic change caused by the softness morphing algorithm. The source was a 
sawtooth with an attack tim e of 5ms; the target was a triangle wave with a 250ms 
attack time. These particular waves were chosen to provide clear and simply 
quantifiable differences in attack tim e, spectral centroid and harmonic structure, 
allowing a wide range of morphed stimuli. The stimulus set was then generated using 
various percentages of morphing between these waves. As before, the percentage of 
m ovement towards the target for each of the stimuli in the set was finalised by 
informal listening, to provide (to the experimenter's ears) perceptually even steps 
across each morphed dimension. In order to allow for a suitable range of data for a 
MDS analysis to potentially reveal movement in up to 4 dimensions, at least sixteen 
stimuli were required (see Chapter 4). In order to fulfill this requirem ent and to have 
the same number of variations in each of the morph types, 18 stimuli were generated, 
as shown in Table 6.4. Stimuli were then loudness-equalised according to the  
experimenter's ear.
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Label % target softness? % ta rg e t brightness? % target in a ll 
characteristics?
S I 0 0 0
S2 50 0 0
S3 100 0 0
B1 0 30 0
B2 0 60 0
B3 0 100 0
eeSBl 0 0 30
eeSB2 0 0 60
eeSB3 0 0 100
E l 30 30 30
E2 50 60 60
E3 100 100 100
eeB l 0 0 30
eeB2 50 0 60
eeB3 100 0 100
eeS l 0 30 30
eeS2 0 60 60
eeS3 0 100 100
Table 6.4  - Stimulus set for pairwise dissimilarity experiment. Labels refer to type, and  
intended movement towards target in type of morph, and are consistent with labels used 
in subsequent M D S analysis.
G.3.2.4 Listener interface
The listener interface was as per the brightness experiments, with some minor 
alterations. The experiment was conducted from a faster Macintosh Macbook Pro 
laptop, with the same Senheiser HD650 circumaural headphones. The test was 
presented in a small room with a dry acoustic and reasonable acoustic isolation, though 
this was not the same room as used in the previous experiment, due to room  
availability. The experiment again included a short familiarisation stage, slightly longer 
than that of the brightness experiment due to the increased stimulus set size. Within  
this familiarisation stage listeners were presented with the complete stimulus set, to  
encourage them  to use the full scale when subsequently evaluating pairs. The 
increased stimulus set size over the brightness experiment resulted in a larger number 
of required comparisons. 171 pairs, randomly ordered, were presented for comparison 
over tw o tests, and rated by means of the sliders on a 100 point hidden dissimilarity 
scale. The 171 pairs allowed for each stimulus to be compared against themselves and 
every other stimulus in the set. Due to the large number of comparisons, repeats were  
not implemented.
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6.3.2.S Listening Panel
A panel of 14 listeners took part in this experiment, drawn from the same pool as that 
of the brightness experiments. The test was carried out over several days according to  
listener availability.
G.3.2.6 Results
The listener responses were used to create a dissimilarity matrix, and analysed by MDS 
INDSCAL analysis. The 'measures-of-fit' calculated by the MDS analysis of the responses 
to the experiment are shown in Table 6.5.
Dimensionality RSQ RSQ im provem ent to  
next dimension up
s-stress
1-D 0.88381 0.06432 0.2032
2-D 0.94813 0.05181 0.0227
3-D 0.99994 0.00006 0.0034
4-D 1.00000 0.00000
(max)
0.0001
Table 6.5  - Dimensionality against R SQ  and ‘s-stress’ values in M D S solutions of the 
pairwise dissimilarity experiment. Bold dimensions/criteria indicate a statistical quality 
criterion has been met. Maximum possible R SQ  improvement at 4-D  is given by 1-4-D  
RSQ.
As described in the brightness experiment, an RSQ im provement of less than ~0.05  
indicates no further significant im provem ent and an 'optimal' solution. An RSQ of more 
than 0.95 is a confident solution. S-stress of under 0.1 is considered a good solution.
The RSQ improvement, and absolute RSQ values shown in Table 6.5 contradicted the  
expected dimensionality indicated by the scree plot, achieving statistcal quality criteria 
at 3-D and 4-D, although the im provem ent given by a 4-D solution was negligible, 
suggesting a 3-D solution. S-stress was below 0.1 in 2-D, 3-D, and 4-D. The smallest 
dimensionality to satisfy all three quality criterion was the 3-D solution, indicating a 
good fit to the 3-D solution, despite the lack of a readily interpretable knee in the scree 
plot at 3-D.
The 3-D tim bre space (Figure 6.9) was then examined to visualize the position and 
direction of movement in the stimulus set. The tim bre space illustrates the perceived 
distances between the stimulus set - the dimensions correspond to perceived 
dimensions, and the distance to perceived dissimilarity. Stimuli placed nearer one 
another were perceived to be more similar.
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Figure 6 .9 -  3-D timbre space flattened into 2-D (3rd dimension points out o f page). 
Movement in the intended ‘everything’ dimension is shown in purple, the intended  
‘brightness’ dimension in red, and the intended ‘softness’ in blue
As can be seen, the plot is extremely cluttered, therefore fo r the purpose o f clarity all 
but the key stimuli (relating to morphs intended to  be orthogonal, i.e. brightness, 
softness and everything-else) w ill be removed. Figure 6.10 shows the stripped-down 
tim bre space, rotated slightly from  the previous figure, whilst Figure 6.11 shows the 
same space rotated again.
' 7
S2eeS:
Dim 2 ° b2
Figure 6.10 - Key stimuli in 3-D timbre space (rotation 1). Movement in the intended 
‘everything else’ dimension is shown in purple, the intended ‘brightness’ dimension in 
red, and the intended ‘softness’ in blue
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Figure 6.11 - key stimuli in 3-D  timbre space (rotation 2) -  as before, movement in the 
intended ‘everything else’ dimension is shown in purple, the intended ‘brightness’ 
dimension in red, and the intended ‘softness’ dimension in blue
The 3-D tim bre spaces show softness morphed stimuli (S l-3), brightness morphed 
stimuli (B l-3 ), and 'everything except softness or brightness' morphed stimuli (eeSBl-
3). In the first rotation it is difficult to visualise the movement, from one stimulus to  the 
next, in each direction -  the brightness morphed stimuli are close together, and the full 
softness morph (S3) seems to be closer to S I than S2 appears. Combining the tw o  
rotations is useful to help visualize the orthogonal movement across the three  
dimensions in the dataset, which was not clear in a single figure due to the limitations 
of plotting a 3-D space on a 2-D page.
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6.3.2.7 Discussion
The MDS analysis indicated three perceived dimensions in the stimulus set. The 3-D  
tim bre space revealed the brightness, softness, and ‘everything e/se7 stimuli to be 
evenly spaced, and in broadly orthogonal directions, indicating that listeners perceived 
the morphs in these directions to be independent.
Together, these results demonstrate the unidimensionality of the brightness and 
softness morphing routines and their independence from other timbrai attributes, 
collectively labelled ‘everything else' here.
As a side note, in the brightness study, listeners commented that the degree of change 
between some of the stimuli in the set was extremely difficult to perceive. This was not 
a concern raised by participants of this test, perhaps because each discrete morph type 
only had three variations in the stimulus set. Minimising the number of variations per 
morph type could therefore be a useful recommendation for future evaluation of 
attributes in the morpher.
In order to determ ine perceptual labels the subsequent verbal elicitation experiment 
was then undertaken.
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6.3.3 Verbal elicitation I VPA experiment
In the results of the pairwise comparison experiment, as with all MDS analysis of such 
data, the names of each dimension, orthogonal or otherwise, are not revealed. A verbal 
elicitation experiment was devised to establish whether listeners actually perceived the  
variation in the stimulus set as a change in softness, brightness, and everything else.
The verbal elicitation experiment could also provide an initial indication of whether the  
softness algorithm might have caused any unintended change in other, overlapping 
attributes.
6.3.3.1 Aims
The verbal elicitation experiment aims to:
1) determ ine the appropriate labels for the dimensions shown in the 3-D tim bre  
space of the preceding MDS experiment. This is necessary in order to establish 
whether listeners perceive the morpher to be manipulating each of the intended 
timbrai attributes; and
2) provide an initial indication of whether or not the softness morphing algorithm  
resulted in any perceived overlap with other timbrai attributes.
6.3.3.2 Experiment Overview
The verbal elicitation experiment was as per the brightness experiment, with tw o major 
modifications, as recommended by the conclusions of the previous experiment. Firstly, 
a consistent presentation method was employed, such that all participants used a 
M ax/MSP interface in the same environment to respond to the stimulus set. Secondly, 
an independent academic was used when grouping listener responses in the VPA, to  
avoid possible experimenter bias.
G.3.3.3 Stimulus set
The sounds used for the stimulus set were chosen to demonstrate as clearly as possible 
to the experimenter's ears, the timbrai changes in each of the three main dimensions 
(brightness, softness, and everything else). The stimulus set is shown in Table 6.6.
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Label % softness % brightness % everything else MDS Label
A1 0 0 0 S o u rc e /S I
A2 50 0 0 S50
A3 100 0 0 S100
B1 0 0 0 Source/ S I
B2 0 30 0 B30
B3 0 100 0 B10
C l 0 0 0 Source /  S I
C2 0 0 30 eeSB30
C3 0 0 100 eeSBlOO
Table 6 .6  - Stimulus set for verbal elicitation test. Label denotes the label on the 
listening test interface. M D S label denotes the label used for each stimulus within the 
timbre space figures.
Stimuli A1-A3 differed only in terms of the intended softness dimension, stimuli B1-B3 
only in terms of intended brightness, and stimuli C1-C3 only in terms of intended 
'everything else'
6.3.3.4 Listening panel and interface
Twenty new listeners undertook the test, each with a similar background to the 
previous pool of listeners. The experiment interface was created using Max/MSP and 
presented in the same environment as the pairwise dissimilarity experiment. The 
interface presented the stimlus set as triplets for evaluation. The interface instructed 
listeners as follows "...listen to the sounds... from  left to right... write as many adjectives 
as you can think o f to fu lly describe the changes happening across each row ../', as 
shown in Figure 6.12.
[Click below to listen to the sounds 
! alphabetically from left to right. Write as 
many adjectives as you can think of to fully 
[describe the changes happening across 
[each row. Please press 'save' when you are 
done.
I Al A2 AS
0 C 0 Dimension A:
B1 B2 B3
0 0 G Dimension B:
Cl C2 es
G G G Dimension C:
startvindow save
pause resume
Figure 6.12 -  Test interface for Verbal Elicitation experiment
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6.3.3.S Results
Listener responses elicited during the verbal elicitation experiment can be seen in 
Appendix E.
88 listener responses were elicited across the three types of morph. Taking the 
responses to each morph type in turn, an independent academic grouped together 
similar responses based on, for example, synonyms, antonyms and commonalities. The 
number of listener responses in each group was then summed and an overall 
prominence, indicating the perceptual importance of each group was calculated, by 
dividing the number in each group by the total number of responses. The groupings, 
number of occurrences, and overall prominence (to 2 significant figures) for each group 
are shown in Table 6.7, Table 6.8, and Table 6.9. The independent academic did not 
group the following terms: High frequency, Distortion, EQ, and Filter. These have 
therefore been included as discrete groups. Bar graphs illustrating the prominence of 
each group are shown in Figure 6.13, Figure 6.14, and Figure 6.15.
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Groups of similar adjectives used to 
describe dimension A
Occurrences Overall prominence 
(occurrences /  to tal)
Soft, Quiet, Smooth, Gentle (antonyms; less 
hard, hardness decrease)
12 43%
Attack, slow, long 7 25%
Hard, Strong, Loud, Full, Thick 6 21%
Straight 1 3.6%
M uddy 1 3.6%
Filtered 1 3.6%
Table 6.7 -  Verbal elicitation listener responses to dimension A (intended softness 
morph)
m Soft, Quiet, Smooth, Gentle
■ Attack, slow, long
■ Hard, Strong, Loud, Full, Thick
■ Straight
■ Muddy
■ Filtered
Figure 6.13 -  Bar graph showing overall prominence o f groups used to describe 
dimension A (intended softness morph)
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Groups of similar adjectives used to  
describe dimension B
Occurrences Overall prominence 
(occurrences /  to tal)
Bright, cleor, sharp, punchy, vivid 10 29%
Muddy, dull 7 21%
Layered, rich, deep, fu ll 5 15%
Equalisation 3 8.8%
High frequency variation 2 5.8%
Smooth, subtle 2 5.8%
Boom, width 2 5.8%
Filtered 1 2.9%
Warm 1 2.9%
Harsh 1 2.9%
Table 6.8 -  Verbal elicitation listener responses to dimension B (intended brightness 
morph)
0.3
0.25
0.2
0.15
0.1
0.05
Figure 6.14 - Bar graph showing overall prominence of groups used to describe 
dimension B (intended brightness morph)
■ Bright, dear, sharp, punchy, vivid
■ Muddy, dull
■ Layered, rich, deep, full
■ Equalisation
■ High frequency variation
■ Smooth, subtle 
B Boom, width
■ Filtered 
& Warm 
b  Harsh
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Groups of similar adjectives used to  
describe dimension B
Occurrences Overall prominence 
(occurrences /  to tal)
Hollow, thin, bore 5 19%
Oscillator 'b lend' or speed 4 15%
Mellow, soft, smooth 3 11%
Rich, deep 3 11%
Harsh, punch 2 8%
Odd, Eerie 2 8%
Round, Square (antonym) 2 8%
Clear, open 2 8%
Wide 2 8%
Hard 1 4%
Table 6.9 -  Verbal elicitation listener responses to dimension C (intended everything­
el se morph)
0.2
0.18
0.16
0.14
0.12
0.1
0.08
0.06
0.04
0.02
0
m Hollow, thin, bare
■ Oscillator 'blend' or speed
■ Mellow, soft, smooth
■ Rich, deep
■ Harsh, punch
■ Odd, Eerie
b Round, Square
■ Clear, open 
à Wide
B Hard
Figure 6.15 - Bar graph showing overall prominence o f groups used to describe 
dimension C (intended everything else morph)
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6.3.3.G Discussion
The most prominent dimensions, based on the overall prominence values, were;
• Dimension A (stimuli A l, A2, A3) -  Soft, Quiet, Smooth, Gentle
• Dimension B (stimuli B l, B2, B3) -  Bright, clear, sharp, punchy, vivid
• Dimension C (stimuli C l, C2, C3) -  Hollow, thin, bare
The first morph dimension (A l-3 ) was labelled as soft, quiet, smooth, or gentle, by a 
large margin. Quiet was an unexpected adjective to find in the most prominent group 
for this type of morph, particularly as the stimuli were loudness equalised. It is likely 
that that this listener was associating a softer attack with a musical note being 
performed quietly (a bowed string for example). Overall then, listener perception of 
this dimension was broadly as intended.
The second morph dimension (B l-3 ) was labelled as bright, clear, sharp, punchy, or 
vivid, by a good margin. Antonyms of bright and clear, such as dull, and muddy, were  
also popular choices. It is surprising that some listeners perceived these sounds in the  
opposite way to the majority of listeners, but, this could be due to misinterpretation of 
the instructions, whereby these listeners simply labelled the wrong end of the scale. 
Again the listener perception of the stimuli in this dimension was broadly as intended.
The third morph dimension (C l-3) was labelled as hollow, thin, or bare, but this 
dimension featured more terms and a smaller margin between the most prominent 
group and the other groupings. This dimension did not have an intended label but, for 
the particular source and target sounds used in this experiment, a change in hollowness 
might be expected from the 'everything else' morph since the acoustic change involved 
was to the relative intensities of odd vs even harmonics. Therefore this dimension 
would seem to have been perceived as intended, but by a smaller majority than 
dimensions one or two.
6.3.S.7 Conclusions from verbal elicitation experiment
The predominance of softness in dimension A, and brightness in dimension B, indicated 
the listeners heard the corresponding stimulus sets as changing across the intended  
dimensions.
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6.4 Conclusions
The second attribute to be included in the morpher needed to satisfy the requirement 
that it be correlated with a tem poral acoustic characteristic. The brightness 
experiment, documented in Chapter 5 had manipulated a timbrai attribute by means of 
a spectral correlate, and a complete tim bre morpher should be capable of controlling 
attributes with spectral and tem poral acoustic correlates.
Five possible attributes which fulfilled this, and to some extent the other existing 
criteria, where investigated, thickness, boldness, richness, smoothness, and softness. 
Softness was selected on the basis of its acoustic correlation with attack tim e and 
inharmonicity. The precise weighting of attack tim e and inharmonicity relative to 
changes in perceived softness was unknown, and was therefore the subject of a 
preliminary experiment before the softness morphing algorithm could be designed.
The preliminary experiment exposed listeners to a range of stimuli with various attack 
tim e and inharmonicity values, and established that the contribution to perceived 
softness of inharmonicity was negligible, and that attack tim e was the main acoustic 
correlate of softness, according to the listening panel with reference to the selected 
stimuli.
An algorithm for manipulating intended softness within the morpher was therefore  
designed to manipulate attack tim e by means of measuring, stretching, and re- 
interpolating the attack portion of the amplitude envelope of the source signal to 
match the target signal, creating a new hybrid amplitude envelope. A simple peak- 
amplitude-detection process was used to identify the end of a sound's attack portion. 
Although outside the scope of the current project, a process able to deal with more 
complex attack envelopes would be a useful future addition to the morpher.
The addition of the softness morphing algorithm to the brightness morphing system 
described previously allowed for six discrete types of audio morph, including a morph 
of all characteristics, brightness only, softness only, all characteristics other than 
brightness, all characteristics other than softness, and all characteristics other than 
brightness and softness. The temporal, rather than spectral, acoustic correlation of 
softness meant that it could be morphed without risk of any unwanted perceptual 
overlap with brightness.
The morpher's operation was initially verified acoustically before undergoing full 
perceptual testing. A higher number of possible dimensions to be revealed within the  
stimulus set required a higher number of stimuli in the listening tests used to evaluate 
the algorithm, however listeners did not report difficulty with the test, unlike the  
brightness test. This is likely to be due to the smaller number of variations per morph 
type in the stimulus set.
A pairwise dissimilarity/MDS experiment demonstrated that the morpher produced 
hybrids varying along three distinct timbrai dimensions. A subsequent VPA experim ent 
provided the labels softness, brightness and hollowness for these dimensions. As in the
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previous chapter, for the particular source and target stimuli chosen hollowness was an 
appropriate label for everything-except-brightness-and-softness. Together, this 
combination of experiments demonstrated that independent morphing of tw o timbrai 
attributes, with spectral and tem poral acoustic correlates, was possible and that the  
approach to timbrai morphing taken in this thesis is viable. The ability of attack-time 
changes, w ithout any change to harmonicity, to alter perceived softness was also 
demonstrated.
The next step will be to investigate the possibility of independently morphing tw o  
timbrai attributes which are not acoustically independent.
136
7. Morphing a Third Timbrai Attribute
7 Morphing a Third Timbrai 
Attribute_____________________
The softness experiments established that carrying out a tim bre morph of an attribute with 
tem poral acoustic correlates was possible, and that morphing in tw o independent 
perceptual dimensions [softness and brightness) was also possible. This chapter reports on 
the implementation, and experimental procedure for testing, a third attribute within the  
morpher.
The overall aim of the chapter is to establish whether the inclusion of an overlapping 
attribute within the morpher is possible. Several attributes might make applicable choices, 
and an informal preliminary experiment was carried out in order to determ ine which 
attribute to choose. That experiment is detailed in this chapter before the new morphing 
algorithm itself is described. The chapter will then report on the listening test procedure 
used to evaluate the complete algorithm.
This chapter aims to answer the following research questions:
7.1 Attribute selection and implementation
W hat are the additional criteria for selection of a third timbrai attribute? Which 
attributes fulfil these criteria?
W hat are the known acoustic correlates of the possible attributes?
Preliminary experiment -  which a ttr ib u te d  can be most convincingly manipulated 
by means of their known acoustic correlate(s)?
Which attribute should be incorporated in the morpher?
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7.2 Designing the third attribute morpher
How can the acoustic correlates of third attribute be adjusted, w ithout adjusting 
any other timbrai attributes (particularly brightness and softness)?
7.3 Testing the third attribute morphing algorithm
Test results - Did listeners perceive changes in a stimulus set created by the third 
attribute morphing algorithm as intended?
Did MDS analysis reveal the intended number of dimensions in the 
stimulus set?
Did VPA testing label movement in the MDS fit as movement in the 
intended attributes of the morphing algorithm?
Did the third attribute morphing algorithm work?
Test modification -  W here there any further practical problems with the  
experimental technique?
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7.1 Attribute selection and implementation
This section will discuss the selection of the third timbrai attribute for inclusion in the  
tim bre morpher.
7.1.1 What are the criteria for selection of a third timbrai attribute?
In order to be applicable to a full range of timbrai attributes, the tim bre morpher should be 
capable of manipulating overlapping as well as independent attributes. Having proved the 
feasibility of morphing a single spectral attribute [brightness) and a single tem poral 
attribute [softness), a third attribute that would allow for the morpher to be tested with  
overlapping attributes was required.
The first four criteria informing the selection of any suitable attribute for inclusion in the  
morpher, as shown in Chapter 2, Table 2.5, and Chapters 5-6, remain as follows:
1) suitable attributes must be a mem ber of the adapted paradigm
2) suitable attributes should not have duality of meaning
3) suitable attributes should be useful (and/or meaningful) to the intended end-user
4) suitable attributes should be applicable to the widest range of input signals possible
An additional requirem ent informing the selection of the third timbrai attribute is that the  
third attribute must exhibit some degree of timbral/acoustic overlap with brightness 
and/or softness. In the case of several attributes satisfying these initial criteria, the  
attribute that exhibits the most clearly perceptible changes when varying their 
documented acoustic correlation in a preliminary experiment will be selected.
Of the attributes found in Chapter 2, Table 2.4, thickness, clearness, heaviness, and warm th  
were all shortlisted due to their documented acoustic overlap in the acoustic correlate of 
brightness, spectral centroid. These attributes are evaluated in more detail in section 7.1.2.
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7.1.2 Which attributes fulfill all criteria?
The shortlisted attributes are shown against the criteria listed in section 7.1.1, in Table 7.1.
Criteria Thickness Clearness Heaviness W arm th
Adapted paradigm? Yes Yes Yes Yes
Nonduality of meaning? Yes Yes Yes Yes
Useful and/or meaningful? Yes Yes Yes Yes
Applicable to range of input? Yes Yes Yes Yes
Overlapping acoustic correlation 
with brightness and/or so/tness?
Yes,
partially 
with both
Yes,
brightness
Yes,
brightness
Yes,
brightness
Table 7.1 -  Suitable attributes and initial criteria for selection.
The documented acoustic correlates of each of the shortlisted attributes, shown in Table 
7.2, were then examined in a preliminary experiment.
A ttribute Acoustic Correlate(s)
Thickness [48] Spectral bandwidth, ratio of harmonic content and noise 
in attack portion
W arm th [14],[77] Spectral centroid, spectral slope, energy in first 3 
harmonics, inharmonicity
Clearness [58],[59] Strength of second harmonic, decrease spectral 
bandwidth and centroid
Heaviness [59] Ratio of noise and harmonic content, spectral slope
Table 7.2 -  documented acoustic correlates of each of the shortlisted attributes
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7.1.3 Preliminary experiment
The purpose of the preliminary experiment was twofold:
1) to affirm the documented acoustic correlation for each of the shortlisted 
attributes. The documented correlation of softness to inharmonicity was found to 
be insignificant in the previous chapter.
2) to establish which of the shortlisted attributes appears to exhibit the largest 
perceivable change by means of adjusting their documented acoustic correlate(s). 
The attribute that exhibited the most clearly perceptible change would be chosen 
for inclusion in the morpher, with the intention of facilitating easier listening tests.
7.1.3.1 Stimulus selection
The stimulus set comprised the source, target, and hybrid (50% everything morph between 
sawtooth and triangle wave) signals originally created for the brightness experiment, with 
each signal selectively adjusted as shown in Table 7.3. This created a total of 15 sounds that 
were evaluated informally by the experim enter with respect to each of the intended 
timbrai changes. Arbitrary but consistent values, considered likely to be perceptible were 
chosen for the amount of acoustic variation: 3dB increments, and spectral shaping of nA2 
(amplitude values inversely proportional to square of frequency)8. The 4000 Hz bandwidth 
limitation was maintained, with the exception of the thickness variants, wherein the  
bandwidth was increased to 6000 Hz to allow for the documented correlate of increased 
spectral bandwidth. Note that the documented correlation of warmth to inharmonicity was 
not included here, having been questioned specifically by other researchers [136-138]
The stimulus set was played back via Sennheisser HD650 circumaural headphones at 16 bit, 
44.1kHz in mono, as in previous experiments. The stimulus set was adjusted to have 
approximately equal loudness by the experim enter before evaluation.
Thickness W arm th Clearness Heaviness
Add 3dB pink noise in 
attack portion of signal, 
add additional harmonics 
up to 6000 Hz nA2
Boost LF (100- 
500 Hz) range 
of signal by 
3dB
Boost f2 amplitude 
by 3dB, decrease HF 
(2000-4000 Hz) by 
nA2
Add 3dB pink noise 
across signal, 
increase HF (2000- 
4000 Hz) by nA2
Table 7.3 -  Stimulus set adjustments for the informal selection of a third timbrai attribute.
8 Note that n represents harmonic number
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7.1.3.2 Results
The experimenter's observations of the stimulus set are shown in Table 7.4.
Intended attribute Perceived change
Thickness Some increase in thickness
Warmth Strong increase in warmth  across all three signals
Clearness Unintended decrease in clearness across all three signals
Heaviness Some increase in heaviness, also noisiness and sharpness
Table 7.4 -  Perceived changes in the intended attribute(s) from informal experiment
The change in thickness was less perceptible across the range of input signals than that of 
increased warmth. Increasing the level of upper harmonics and additional noise, with  
respect to heaviness, suggested an attribute that could be readily misinterpreted. 
Attempting to increase clearness by decreasing the spectral slope and boosting the 2nd 
harmonic seemed to have the opposite of the desired effect -  it could be that perhaps the 
documented correlation to increased clarity is more applicable to noisier signals than to the 
synthesized source signals.
7.1.3.3 Which of the shortlisted attributes should be incorporated in the 
morpher?
W arm th  was selected as the most appropriate choice from the available attributes, having 
shown both a strong acoustic correlation, and the most readily perceptible degree of 
change in the intended direction.
142
7. Morphing a Third Timbrai Attribute
7.2 Designing the warmth morpher
The results of the preliminary experiment and findings of the literature review suggest that, 
the warmth  morphing algorithm should be designed to manipulate spectral centroid and 
spectral slope via the amplitude of the first three harmonics relative to the rem ainder of 
the input signal. The design of this algorithm is described in this section.
7.2.1 How can the acoustic correlates of warmth be adjusted, regardless of 
input signal type?
There is a problem with the 'first three harmonics' approach to warm th morphing: not all 
signals are harmonic.
The warmth  morphing algorithm will therefore measure the energy within the spectral 
area from the frequency of the signal's fundam ental up to 3.5 times this frequency (the 
energy in this area is denoted WR or warmth region). In a harmonic signal this area will 
comprise the first three harmonics; in a signal containing inharmonic partials and/or noise 
elements the energy in this area is expected to perform a similar timbrai role to that of the  
first three harmonics. The energy across the full spectrum (frame magnitude or FM) minus 
WR gives the energy outside the warmth region (RM or remaining magnitude). The signal's 
warmth  is then calculated as W R/RM.
It is acknowledged that this approach may not deal appropriately with a signal containing 
no clear fundamental, nor with one containing significant noise-like energy at a lower 
frequency than its fundamental. Developing a suitable approach to these special-case 
signal types is reserved for further work.
Thus the system for extracting the correlates of all three intended attributes, warm th, 
softness, and brightness is illustrated in Figure 7.1 and the system for interpolating warmth  
towards that of the target sound is illustrated in Figure 7.2.
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Figure 7.1 -  Signal flow of extract subroutine extracting acoustic correlates for all three 
included timbrai attributes (the complete signal flow of the system is shown in appendix B)
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Figure 7.2 -  Signal flow of interpolate warmth sub-routine (for complete morpher signal flow 
diagram, see appendix B).
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7.2.2 How can the morphing algorithm adjust warmth without adjusting any 
other timbrai attributes (particularly brightness and softness)?
Given the disparate acoustic correlates being manipulated, it is unlikely that perceived 
softness would be affected by this warmth  routine. However, it is highly likely that the 
process of increasing warmth  will generate some decrease in perceived brightness, as the  
spectral centroid of the hybrid sound will ultimately become lower. Similarly, stimuli 
generated by the brightness-only morph may result in a decrease in warmth  (although this 
was not found to be the case in the brightness experiments).
7.2.2.1 Compensating warmth and brightness
The algorithm will be designed to neutralize any change in brightness caused by morphing 
warmth, by applying a post-warmth-morph brightness morph, with the target being the  
brightness of the source sound (i.e. that the hybrid feature set will have been morphed in 
warmth  towards the target, and then in brightness back towards the source). This system is 
illustrated in Figure 7.3.
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Figure 7.3 -  Signal flow of timbrai compensation sub-routine (“compensate” in complete 
morpher signal flow diagram).
The knock-on effect of this compensation system could be that a 100% warmth  morph, 
compensated in brightness with a slight spectral tilt, might then only equate to a 90%  
warmth  morph due to the brightness adjustments moving the warm th region amplitude a 
small part of the way back to where it started. However, in the brightness algorithm, a 
100% morph created a large change in spectral centroid, whilst the ratio between warm th  
region energy and total energy changed very little (see appendix C for spectral plots of the 
hybrid signals). So, it seems likely that the negative effects of compensation will be
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negligible. The perceptual evaluation later in this chapter will determine whether this is 
the case.
7.2.2.2 Alternatives to the compensation process
Should listener testing indicate that the suggested processing does not compensate 
appropriately for unintended perceptual movement, the possibility of measuring the  
amount of perceived overlap and including this as a calibrated feature in the finished 
tim bre morpher still exists (whereby an end user moving the brightness slider would 
automatically see the corresponding amount of movement on the warmth  slider, and so 
on).
7.2.3 How many possible morph types might the new system generate?
The addition of the algorithm described in section 7.2.1-0 to the brightness and softness 
morphing system described previously should allow for the following types of audio morph:
1. Morph everything
2. Morph brightness only
3. Morph softness only
4. Morph warmth  only
5. Morph brightness and softness
6. Morph brightness and warmth
7. Morph softness and warmth
8. Morph everything else apart from softness
9. Morph everything else apart from brightness
10. Morph everything else apart from warmth
11. Morph everything else apart from brightness and softness
12. Morph everything else apart from warmth  and brightness
13. Morph everything else apart from warmth  and softness
14. Morph everything else apart from warmth  or softness or brightness
There are four orthogonal dimensions in this list of possible morph types: morph brightness
(type 2), morph softness (type 3), morph warmth  (type 4), and morph everything-except- 
warmth-softness-and-brightness (type 14). Similarly to Chapter 6, but with the addition of 
warmth  and inverse warmth  morphs, various combinations of these orthogonal morph 
types can produce all the remaining types of morph listed.
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7.3 Testing the warmth morphing algorithm
This section documents the testing of the warmth  morphing algorithm. The overall aim of 
these experiments is to determ ine whether or not the previous morphing system 
{brightness and softness), with the addition of the warmth  algorithm shown in section 7.2 
can manipulate the three timbrai attributes independently from one another and from the  
other characteristics of the source and target sounds.
Unlike previous experiments, a preliminary acoustic evaluation was not deemed necessary 
because of the wide range of stimuli created and evaluated whilst selecting warmth  as the  
third attribute. Nonetheless, spectral plots and spectrograms of many of the stimuli can be 
seen in Appendix C.
Three types of experiment are reported on here. Two pairwise dissimilarity experiments 
are documented in section 7.3.1 and 7.3.2. A verbal elicitation experiment is then  
documented in section 7.3.3 and a final quality control experiment is documented in 
section 7.3.4.
7.3.1 Pairwise dissimilarity I MDS experiment
This section documents the aim, test specification, and results of the pairwise dissimilarity 
experiment used to partially evaluate the effectiveness of the warmth  morphing algorithm. 
Unlike the tw o previous pairwise experiments reported on by this thesis, the initial 
specification was revised and the experiment repeated, due to inconclusive initial results. 
The second pairwise comparison experiment is documented in section 7.3.2.
7.3.1.1 Aims
As with the brightness and softness tests, the pairwise dissimilarity /  MDS experim ent aims 
to establish the number of dimensions of perceived variation within a stimulus set 
generated by the morpher.
7.3.1.2 Test specification: existing method & problems
The pairwise dissimilarity /  MDS experiment in the previous chapter evaluated tw o  
attributes {brightness and softness) by pairwise comparison. Listeners were asked to  
compare how dissimilar they felt pairs of sounds within a stimulus set created by the  
tim bre morpher were. Using the same method here, with an additional intended 
dimension, would lead to a significant increase in stimulus set size and the listening test 
duration could become prohibitive. In the softness experiment, listeners took up to 20 
seconds to carry out a pairwise comparison of tw o stimuli. W ith each stimulus being 
compared to one another, the test could run to 51 minutes, even without any repeated  
pairs, as shown in Table 7.5.
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Intended  
dimensions in 
set
Num ber of 
dimensions to  
test for
Stimuli Paired
Comparisons
Est. Duration
1 2 9 45 15 minutes
2 3 13 91 30 minutes
3 4 17 153 51 minutes
4 5 21 231 77 minutes
5 6 26 351 117 minutes
Table 7.5 -  Number of stimuli required, comparisons, and estimated duration of listening 
tests. Proposed warmth requirements are in bold.
In the softness experiments, it was found that 3-D plots are difficult to interpret, and can 
require rotation about their axes in order to be decipherable. 4-D plots from these 
experiments were found to be very cluttered and even more difficult to interpret than 3-D 
plots. In the longer term , additional timbrai attributes will only increase the possible 
number of dimensions an MDS analysis might hope to reveal. This would suggest that 
limiting the number of dimensions to be evaluated would be prudent, both in terms of 
interpretability of results, and in order to avoid listener fatigue.
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7.3.1.3 Proposed revision to existing method
A solution to the issue of stimulus size and test duration is to use a series of smaller steps, 
each comparing the new attribute {warmth) to one of the existing attributes, until the new  
attribute has been compared to each existing attribute. Each of the steps would then 
require a much smaller number of stimuli than a complete comparison of all attributes at 
once. This should also solve the issue of >4-D interpretability, as the maximum  
dimensionality to be plotted by MDS would be 3-D. The experiment therefore consisted of 
the following steps:
1. compare warm th  with everything (allowing the 'everything' hybrids to serve as 
an anchor);
2. compare warmth  with brightness;
3. compare warmth  with everything else apart from warmth, brightness and 
softness;
4. compare warmth  with softness.
7.3.1.4 Stimulus set
The stimulus set used by all four steps of the experiment is shown in Table 7.6.
• Step 1 asked listeners to compare 'Source', 'EIS'-'EIOO', and 'W 15'-'W 100'.
• Step 2 asked listeners to compare 'Source', 'W 15'-'W 100', and 'B15'-'B100'.
• Step 3 asked listeners to compare 'Source', 'W 15'-'W 100' and 'EEIS'-'EEIOO'.
• Finally, Step 4 asked listeners to compare 'Source', 'W 15 '-'W 100 ' and 'S15'-'S100'.
Each step compared 13 stimuli to one another, in 91 comparisons, with an intended 
duration of approximately 30 minutes.
In order that this stimulus set could maintain some consistency with the softness and 
brightness experiments, synthesised sounds were used for the source and target signals, so 
that undesired variation in amplitude, frequency, and duration could be avoided where  
possible, with the intention that listener feedback from previous experiments regarding the  
use of real-world stimuli would be actioned in a final experiment. The source and target 
signals were synthesised using the same MATLAB routine and parameters as the softness 
and brightness experiments.
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As with the softness experiments, the sawtooth (source) had an instantaneous attack 
onset, whilst the triangle (target) wave was generated with an onset of 250ms and a linear 
attack envelope. Similarly to the brightness experiment, the differing harmonic numbers of 
the source and target sounds should ensure that there be a clear difference in any 
everything else apart from  brightness/warmth/softness hybrids, which listeners might 
ideally perceive as morphing hollowness, or something similar.
The amount of movement towards each intended attribute was chosen to provide, to the  
experimenter's ears, perceptually even steps in each dimension.
In order to minimise variation in loudness, as suggested by the loudness related comments 
found in listener responses to the brightness and softness verbal elicitation experiments, 
each finished stimulus was compensated firstly by the application of Moore's automated  
loudness model and adjustment algorithm [139], and secondly according to the  
experimenter's ear where it appeared that the intended perceptual change was still being 
adversely affected by a discrepancy in loudness. The experimenter's ear was used as the  
'last word' as it has been shown that the existing loudness model is not universally accurate 
[140].
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Label Type of morph % softness % brightness % everything  
else
% w arm th
Source None 0 0 0 0
E15 Everything 15 15 15 15
E30 Everything 30 30 30 30
E50 Everything 50 50 50 50
E70 Everything 70 70 70 70
E85 Everything 85 85 85 85
E100 Everything 100 100 100 100
W 15 Warmth 0 0 0 15
W 30 Warmth 0 0 0 30
W 50 Warmth 0 0 0 50
W 70 Warmth 0 0 0 70
W 85 Warmth 0 0 0 85
W 100 Warmth 0 0 0 100
SIS Softness 15 0 0 0
S30 Softness 30 0 0 0
S50 Softness 50 0 0 0
S70 Softness 70 0 0 0
S85 Softness 85 0 0 0
S100 Softness 100 0 0 0
BIS Brightness 0 15 0 0
B30 Brightness 0 30 0 0
B50 Brightness 0 50 0 0
B70 Brightness 0 70 0 0
B85 Brightness 0 85 0 0
B100 Brightness 0 100 0 0
EE15 Everything Else 0 0 15 0
EE30 Everything Else 0 0 30 0
EE50 Everything Else 0 0 50 0
EE70 Everything Else 0 0 70 0
EE85 Everything Else 0 0 85 0
EE100 Everything Else 0 0 100 0
Table 7.6 - Stimulus set for pairwise dissimilarity experiments. Labels refer to object space 
plots used in M D S analysis, and denote intended type and amount of morph, where Bx 
indicates an intended brightness morph of x%  towards the target sound, E E  indicates 
intended morph towards everything else except.., W  intended warmth, S  intended softness, 
and E  an intended morph towards everything.
7.3.1.5 Listener interface
As before, listeners were asked to grade pairs of stimuli using a hidden 100 point 
continuous scale with end-points labelled 'Not at all similar' and 'The Same', with the same 
instructions as in the previous experiments.
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The experiment was conducted from a Macintosh Macbook Pro laptop as per the softness 
experiment, with the same Sennheiser HD650 circumaural headphones used in the 
brightness and softness experiments, in a small room with a dry acoustic and reasonable 
acoustic isolation.
As in previous experiments, listeners were presented with a familiarisation exercise, in 
which they could listen to the full range of stimuli in a non-linear fashion for as long as they 
fe lt necessary before beginning each step.
7.3.1.6 Listening Panel
20 listeners, each with some experience of critical listening to recorded audio as part of 
their training in computer sound design or sound recording at undergraduate degree level, 
took part in this experiment. Listeners undertook all four steps over one or tw o days, 
dependent on their availability.
7.3.1.7 Possible outcomes
The aim of the MDS analysis is to establish the number of dimensions of perceived 
variation within each stimulus set generated by the morpher. If the morpher is working as 
intended then each of the sets used in this 4-step experiment will contain variation in two  
perceptual dimensions. If a 3-D solution is indicated by the analysis of any of the steps, 
then the algorithm might be manipulating too many attributes. If a 1-D solution is indicated 
by one of the steps, it is possible that the the tw o attributes being compared in that step 
are not being varied independently.
Once the dimensionality has been established, the corresponding tim bre space can be 
examined, as a final check that all is well. If the morpher is working as intended then the 
softness, warmth, and brightness morphs will exhibit movement in discrete, orthogonal 
dimensions across each of the four steps.
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7.3.1.8 Results
The listener responses were used to create a dissimilarity matrix, and analysed by MDS 
INDSCAL analysis as in previous experiments. The Tneasures-of-fif calculated by the MDS 
analysis of the responses to the four steps of this experiment are shown in Table 7.7.
Experiment Step /  Type of 
Morph
Dimensionality RSQ RSQ
improvement
to next dimension 
up
s-stress
Warmth /  Brightness 1 1.00000 -0.00007 0.17435
2 0.99993 -0.00694 0.08295
3 0.99299 0.00701 (max) 0.00978
W armth /  Softness 1 0.81300 0.07069 0.14157
2 0.88369 0.05105 0.03455
3 0.93474 0.06526 (max) 0.00578
Warmth /Everything 1 0.70724 0.10669 0.34017
2 0.81393 0.13539 0.28559
3 0.94932 0.05068 (max) 0.11615
Warm th / Everything Else 1 0.91815 0.05494 0.00920
2 0.97309 0.02690 0.00371
3 0.99999 0.00001 (max) 0.02455
Table 7 .7  - Dimensionality against RSQ  and ‘s-stress’ values in M D S solutions of the 
‘complete’ four-test experiment. Bold dimensions/criteria indicate a statistical quality criterion 
has been met. Maximum possible R SQ  improvement at 3-D  is given by 1-(3-D RSQ).
As described in Chapter 4, an RSQ improvement of less than ~0.05 indicates no further 
significant improvement and an 'optimal solution. An RSQ of more than 0.95 is a confident 
solution. S-stress of under 0.1 is considered a good solution.
In the warmth/brightness step, the RSQ value is unusually high, indicating a perfect 1-D 
solution, however, the s-stress indicates that this solution is unacceptable. The RSQ does 
not increase with an increase in dimensionality, but rather decreases, which is abnormal. 
The 2-D and 3-D solutions are both good according to their <0.1 s-stress and both confident 
according to RSQ. RSQ change indicates that the 2-D solution is optimal but the abnormal 
behaviour of RSQ means that these results should be treated as suspect. Therefore there  
does not appear to be a satisfactory n-D solution for the warmth/brightness step.
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In the warmth/softness step, the s-stress identifies both 2-D and 3-D solutions as good but 
the RSQ values and changes indicate tha t no solution is optimal and no solution is 
confident. Again, there does not appear to  be any conclusive indication of the true 
dimensionality.
In the warm th/everything  step, the RSQ values suggest tha t the 3-D solution is almost 
confident, being just below the 0.95 threshold; sim ilarly the maximum RSQ increase to  4-D 
suggests tha t the 3-D solution is almost optimal. The s-stress at 3-D, however, indicates 
tha t this almost-confident and almost-optimal solution is not a good one. The 1-D and 2-D 
solutions fall short on all counts. Therefore there appears to  be no statistically convincing 
f it  fo r the warm th/everything  step.
Finally, in the warm th/everything else comparison, the 2-D and 3-D solutions are both 
confident and good. The RSQ changes indicate tha t the 2-D solution is the optimal one and 
therefore the best f it  to the data is provided by the 2-D solution.
To fu rthe r investigate these peculiar results the 3-D tim bre space fo r the warm th/softness 
stimuli (Figure 7.4), the 3-D space fo r the warm th/everyth ing  stimuli (Figure 7.5), and the 2- 
D space fo r the warmth/everthing-else  stimuli (Figure 7.6) were plotted.
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Figure 7.4 - Timbre space showing warmth /  softness hybrids in the 3-D fit suggested by the 
statistical quality indicators
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Figure 7 .5 -  Timbre space showing warmth /  everything hybrids in the 3-D fit suggested by 
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Figure 7.6 - Timbre space showing warmth /  everything else hybrids in the 2-D fit suggested  
by the statistical quality indicators
Each of the supposedly multidimensional tim bre spaces appear to  place stimuli in a 1-D 
configuration, contradicting the statistical indicators which suggested the ir dimensionality.
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7.3.1.9 Discussion
Contradictory tim bre spaces, combined with the poor/abnorm al statistical indicators, 
would suggest that something has gone significantly wrong. The 1-D movement of stimuli 
in the plotted timbre spaces suggests that this might be due to the MDS analysis treating  
the tw o intended dimensions in each tested attribute pair as opposing directions along a 
single dimension. An example of this problem is illustrated in Figure 7.7 which shows an 
object space containing variation in tw o dimensions, shape and colour. The red square can 
morph to a red circle or to a green square but, since the results of these tw o morphs are 
the most dissimilar objects in the space, they appear at opposite ends of a single 
dimension, with the morph's starting point - the red square - positioned half way along that 
dimension. However, adding a fourth object to the space which has been morphed in both 
shape and colour (a green circle. Figure 7.8) makes the 1-D model inadequate and forces 
the object space to rearrange revealing the true 2-dimensionality of the stimulus set.
colour shape
Figure 7 .7  - Variations in two dimensions (shape and colour) m ay be adequately 
represented in a 1-D object space.
colour shape
shape colour
Figure 7.8 - Adding a fourth object forces the object space to rearrange and reveals the true 
2-dimensionality of the set.
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Therefore, before examining other options, it was proposed that the datasets be expanded 
by combining results from pairs of tests such that, for example, warmth/brightness  be 
plotted together with listener comparison data from warmth/everything  to create a new  
dataset warmth/brightness/everything, with the intention that this would force an MDS re­
analysis.
7.3.1.10 Re-analysis
New datasets were created with three attributes per comparison by combining data from  
tw o sets of results each. The new datasets were then re-analysed by MDS, and the  
'measures-of-fit' can be seen in Table 7.8.
Type of Morph Dimensionality RSQ RSQ
improvement 
to next 
dimension up
s-stress
W arm th / 1 0.10417 0.07403 0.40124
Brightness/ 2 0.17820 0.01262 0.31264
Everything 3 0.19082 0.80918
(max)
0.27496
W arm th / 1 0.81300 0.07069 0.00578
Softness/ 2 0.88369 0.05105 0.03455
Everything 3 0.93474 0.06526
(max)
0.14157
W arm th / 1 0.70724 0.10669 0.34017
Everything/ 2 0.81393 0.12927 0.28559
Everything Else 3 0.94932 0.05068
(max)
0.11615
W arm th / 1 0.68347 0.22973 0.22532
Everything Else/ 2 0.91320 0.03630 0.16159
Softness 3 0.94950 0.05050
(max)
0.13068
W arm th / 1 0.00920 0.07301 0.53165
Everything Else/ 2 0.08221 0.04606 0.39105
Brightness 3 0.12827 0.87173
(max)
0.27502
Table 7.8  - Dimensionality against R SQ  and ‘s-stress’ values in M D S solutions of the revised 
datasets. Bold dimensions/criteria indicate a statistical quality criteria has been met. 
Maximum possible RSQ improvement at 3-D  is given by 1-(3-D RSQ).
RSQ values for warmth/brightness/everything  are now particularly low, almost the  
opposite of the previous RSQ results for warmth/brightness. The RSQ and s-stress do 
however follow expected patterns, with RSQ increasing and s-stress decreasing as the  
dimensionality is increased. The high s-stress at 1-D, 2-D, and 3-D indicate that a good fit 
has not been found to the listener responses by any number of dimensions here. This is 
similar to the pattern exhibited by warmth/everything else/brightness, where the only
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'good' indicator is a low RSQ im provem ent at 2-D to 3-D, much the same as 
warm th/everything else/softness.
RSQ and s-stress values for warm th/everything/everything else are more promising, with  
RSQ just short of the 0.95 threshold and s-stress just short of 0.1 in 3-D. The RSQ 
im provem ent is also just short of the ~0.05 indicator at 3-D. Nonetheless, not a single 
statistical indicator has been fully satisfied, and it is therefore difficult to be convinced of a 
correct fit here.
W arm th/everything else/softness exhibits low s-stress at both 1-D and 2-D, but this is not 
corroborated by RSQ or RSQ im provem ent in either dimensionality.
7.3.1.11 Discussion
Again, the poor quality of statistical indicators found amongst the re-analysis suggested 
that there was not a satisfactory fit to the listener responses for any of the comparisons. 
This could be due to:
1) failure of the algorithm to correctly manipulate warmth  and the other timbrai 
attributes as intended;
2) listener difficulty with the pairwise comparison task; and/or
3) inconsistency between dissimilarity judgements in one experiment step and 
dissimilarity judgements in another experim ent step, making the combination of 
data from multiple steps unsound.
Informal listening combined with analysis of the spectral plots of each stimulus suggested 
that the stimulus set was not to blame -  to the experimenter's eyes and ears, the stimulus 
set looked and sounded, as it should (see Appendix C).
Listeners did not report experiencing any difficulty with the pairwise comparison task. In 
previous experiments, where difficulty had been experienced, it was reported to the  
experimenter. It seems unlikely therefore that task difficulty was a significant factor on this 
occasion.
Incompatibility of data between experiment steps seems a likely culprit and can easily be 
tested by running a further experiment. If the further experiment includes sufficient 
stimuli for a 4-D MDS model to be attem pted then the question of whether the morpher 
might be introducing additional unintended tim bre variations can be investigated at the  
same time.
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7.3.2 Revised experiment design and specification
A revised experiment was designed to address the problems experienced with the original 
experiment. The revised experiment must therefore make all necessary comparisons in a 
single step, to avoid potential incompatibility of data between steps; must produce 
sufficient data for a 4-D MDS model, in case the morpher produces more than one 
unintended timbrai change; and must include stimuli morphed in tw o dimensions 
independently and in both dimensions together, in order to avoid a 2-D stimulus set being 
adequately represented in a 1-D space.
7.3.2.1 Aims of revised pairwise dissimilarity I MDS experiment
The aims of this revised experiment are broadly the same as those of the original 
experiment: to establish the number of dimensions of perceived variation within a stimulus 
set generated by the morpher in order to test the morpher's ability to vary warmth  
unidimensionally.
7.3.2.2 Revisions to experimental method
Listeners were asked to evaluate a stimulus set comprising hybrids varying in warmth  
(intended dimension 1), everything-except-warmth (intended dimension 2), and everything 
(a combination of dimensions 1 and 2) in a single, isolated experiment, otherwise identical 
to the previous experiment.
7.3.2.3 Stimulus set
The revised experiment required a slightly larger stimulus set than each of the four step 
experiments. Allowing four stimuli per dimension meant a minimum of 16 stimuli were  
required in order to potentially reveal movement in up to four dimensions in subsequent 
MDS analysis. 19 stimuli were used, in order to have even spacing across each type of 
morph, as shown in Table 7.9. The stimuli were generated using the same morphing 
algorithm, source, and target sounds as used in the initial pairwise experiment.
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Label Type of morph % softness % brightness % everything  
else
% w arm th
Source Everything
('Source^
0 0 0 0
E15 Everything 15 15 15 15
E30 Everything 30 30 30 30
E50 Everything 50 50 50 50
E70 Everything 70 70 70 70
E85 Everything 85 85 85 85
E100 Everything
(Target)
100 100 100 100
W 15 W armth 0 0 0 15
W 30 W armth 0 0 0 30
W 50 W armth 0 0 0 50
W 70 W armth 0 0 0 70
W 85 W armth 0 0 0 85
WIOO Warmth 0 0 0 100
EEW15 Everything 
except warmth
0 0 15 0
EEW30 Everything 
except warmth
0 0 30 0
EEW50 Everything 
except warmth
0 0 50 0
EEW70 Everything 
except warmth
0 0 70 0
EEW85 Everything 
except warmth
0 0 85 0
EE W 100 Everything 
except warmth
0 0 100 0
Table 7.9 -  Stimulus set used in the revised pairwise comparison experiment. Labelling 
corresponds to that used in the subsequent M D S analysis, and also intended type and  
amount of morph, where Bx indicates an intended brightness morph of x% towards the 
target sound, W  towards intended warmth, and E E W  towards everything-else-except- 
warmth
7.3.2.4 Listening panel and listener interface
20 new listeners, again, each with some experience of critical listening and sound 
recording, took part in the test. Each listener compared the full stimulus set, through 190 
randomly ordered pairs, split over tw o listening tests of approximately 25 minutes in 
duration. All other details of listener interface remained identical, as in section 7.3.1.5 and 
7.3.1.6, including familiarisation exercise, playback medium, and venue.
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7.3.2.5 Possible results of the revised experiment
If a source sound is morphed towards a target sound in terms of warmth, everything, and 
everything-except-warmth  independently then the stimulus set produced by these morphs 
should contain variation in tw o perceptual dimensions, corresponding to (i) warmth  and (ii) 
everything-except-warmth. The everything-morphed stimuli should exhibit variation along 
both of these tw o dimensions in parallel. Once the dimensionality has been established, 
the corresponding tim bre space can be examined as a final check that all is well.
A disadvantage of this method is that the relationship between warmth  and other 
specifically-morphable timbrai attributes will not be revealed -  i.e. perceptual overlap 
between these timbrai dimensions will not explicitly be tested. Should this revised method 
prove successful, the need for a rigorous verbal analysis and verbal quality control test 
would therefore become paramount.
7.3.2.6 Results
As before, the listener responses were used to create a dissimilarity matrix, and analysed 
by MDS INDSCAL analysis. The MDS 'measures-of-fit' are shown in Table 7.10.
Dimensionality RSQ RSQ im provem ent to  next dimension up s-stress
1-D .91689 0.05110 .11481
2-D .96799 0.03019 .02373
3-D .99818 0.00177 .02067
4-D .99995 0.00005 (max) .00336
Table 7 .1 0 -  M D S  solutions for the revised pairwise comparison listener responses. Bold 
dimensions/criteria indicate a statistical quality criterion has been met.
The 1-D solution satisfies none of the statistical quality criteria, with high s-stress, low RSQ, 
and significant im provem ent between 1-D and 2-D. Both 3-D and 4-D satisfy RSQ and s- 
stress statistcal quality thresholds (>0.95 and <0.1 respectively). However, 2-D also satisfies 
both of these criteria as well as satisfying the third critiera - an RSQ im provement of less 
than 0.05, indicating that any further im provement in the 3-D and 4-D solutions is likely to  
be noise. The 2-D solution (confident, good, and optimal), is therefore the best fit to the  
data. The corresponding 2-D timbre space is shown in Figure 7.9.
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Figure 7 . 9 -  2 -D  timbre space showing perceived movement of warmth against everything 
and everything else except warmth hybrids.
W arm th  and everything else stimuli appear in broadly orthogonal directions, indicating that 
listeners perceived the morphs in these directions to be independent. The everything 
stimuli appear in between warmth  and everything except warm th. All directions and 
spacings are broadly as intended.
7.3.2.7 Discussion
This revised approach yielded a statistically convincing fit to listener responses, with a 
corresponding timbre space showing warmth  hybrids as perceptually orthogonal to  
everything except warmth  hybrids. Given that the revised experiment used the same 
morphing algorithm, source and target signals as the initial four step experiment, this 
indicates that the algorithm does correctly manipulate warm th  and the other timbrai 
attributes, and that the stimulus set was correctly spaced.
The reason for the failure of the initial experiment and its re-analysis must therefore have 
been a combination of (i) inappropriate stimulus set choices leading to 2-D variation being 
representable in a 1-D space (and possibly also leading to listener difficulty) and (ii) 
inconsistency between data gathered in separate experimental steps making the  
subsequent combination of steps unsound.
7.3.2.S Conclusions from pairwise dissimilarity I MDS experiments
Two procedures for evaluating further attributes within the tim bre morpher were tested. A 
four-step approach was initially employed, in the hope that potential overlap between the  
new attribute and existing attributes in the morpher might be tested. MDS analysis of 
listener responses did not yield a statistically confident fit to the data, and the experim ent
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was revised to include a larger number of simultaneous comparisons, across a smaller 
number of attributes. The revised experiment, comparing the new attribute, warmth, with  
everything and everything else except warmth  hybrids, successfully demonstrated that the  
morphing algorithm produced perceived changes in the intended number of orthogonal 
dimensions. This also indicated that the multi-step approach was likely to be unsuitable for 
the evaluation of future iterations of morpher development. This revised approach, 
however, does allow for hybrids along the other morphable timbrai dimensions, softness 
and brightness, to be directly compared to warmth  hybrids. The emphasis is therefore on 
the subsequent verbal elicitation test to establish whether or not morphing warmth  in this 
manner also produces any unintended adjustment to brightness (or, less likely, softness).
7.3.3 Verbal elicitation I VPA experiment
In the results of the pairwise comparison experiment, as with all MDS analysis, the names 
of each dimension, orthogonal or otherwise, are not revealed. A subsidiary verbal 
elicitation experiment was therefore required, as per previous experiments in order to  
label the dimensions and thereby establish whether or not the morpher is affecting the  
timbrai attributes intended by the algorithm.
7.3.3.1 Aims
The verbal elicitation experiment aims to:
1) determ ine the appropriate labels for the dimensions morphed in the pairwise 
dissimilarity /  MDS experiments in this chapter. This is necessary in order to establish 
whether listeners perceive the morpher to be manipulating the intended timbrai 
attributes; and
2) provide an initial indication of whether or not the warmth  morphing algorithm  
resulted in any perceived overlap with other timbrai attributes.
7.3.3.2 Experiment Overview
As in the softness and brightness verbal elicitation experiments, a listening panel was asked 
to fully describe any changes they perceived in a range of hybrid stimuli, selected from the  
pairwise dissimilarity experiment stimulus set. Their responses were then analysed by 
verbal protocol analysis to establish the most prominent descriptors for each timbrai 
dimension.
7.3.3.3 Stimulus set
The stimuli were selected from the pairwise dissimilarity experiment stimulus set in order 
to allow listeners to evaluate the full range of timbrai attributes currently available within  
the morpher. The full range of attributes was included, so that listeners would have an 
opportunity to remark on the complete algorithm, including brightness morphed stimuli. 
This was particularly important as listeners did not compare warmth  with brightness in the  
revised pairwise dissimilarity experiment. The stimulus set is shown in Table 7.11. Stimuli
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A1-A3 differed only in terms of the intended warmth  dimension, stimuli B1-B3 only in 
terms of intended brightness, stimuli C1-C3 in everything except warmth, brightness and 
softness, and D1-D3 in intended softness.
Label % softness % brightness % everything 
except warmth, 
brightness and 
softness
% warmth MDS label
A1 0 0 0 0 Source
A2 0 0 0 50 W 50
A3 0 0 0 100 WIOO
B1 0 0 0 0 Source
B2 0 50 0 0 B50
B3 0 100 0 0 B100
C l 0 0 0 0 Source
C2 0 0 50 0 EE50
C3 0 0 100 0 EE100
D1 0 0 0 0 Source
D2 50 0 0 0 S50
03 100 0 0 0 S100
Table 7.11 -  Stimulus set for verbal elicitation experiment. ‘M D S label’ corresponds to the 
stimuli used throughout section 7.3.1.
7.3.3.4 Listener interface
As per the softness VPA experiment, participants were presented with a M ax/MSP  
interface on a Macintosh laptop, with the same circumaural Sennheisser HD650 
headphones in the venue used in the pairwise dissimilarity experiment. Listeners w ere  
asked to enter any descriptive language they fe lt necessary to describe the change from  
left to right in each dimension, as shown in Figure 7.10.
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I Click below to listen to the sounds 
| alphabetically from left to right. Write as 
j many adjectives as you can think of to 
| fully describe the changes happening 
î across each row. Please press 'save' when 
! you are done.
Istartwindow] [save 
[pause | |resume
A1 A2 A3
C G G Dimension A:
B1 B2 B3
G G G Dimension B:
Cl C2 C3
C G G Dimension C:
D1 D2 D3
C G G Dimension D:
Figure 7 .1 0 -  M ax/M SP interface and listening test instructions for verbal elicitation 
experiment
7.3.3.S Listening panel
10 listeners, 2nd year undergraduate students with a similar background in audio 
engineering and critical listening to the pairwise dissimilarity listening panel, undertook the  
test.
7.3.3.G Results
Listener responses elicited during the verbal elicitation experiment are shown in Appendix 
F. These responses were grouped together based on their meaning (for example, synonyms 
antonyms and commonalities), by an independent academic, who had no prior knowledge 
of the experiment's aims. The number of listener responses in each group was summed 
and an overall prominence, indicating the perceptual importance of each group was 
calculated, by dividing the number in each group by the total number of responses. The 
groupings, number of occurrences, and overall prominence for each group are shown in 
Table 7.12, Table 7.13, Table 7.14, and Table 7.15. Bar graphs illustrating the prominence of 
each group are shown in Figure 7.11, Figure 7.12, Figure 7.13, and Figure 7.14.
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Groups of similar 
adjectives used to  
describe dimension A
Num ber of occurrences Overall prominence 
(occurrences /  to tal)
W arm , bassy, wide, fat, 
thick, rounded
11 92%
Punchy, harsh, 
aggressive, loud
1 0.08
Table 7 .7 2 -  Verbal elicitation groupings for dimension A
l Warm, Bassy, Wide, 
Fat, Thick, Rounded
Punchy, harsh, 
aggressive, loud
Figure 7.11 -  Bar graph showing overall prominence o f groups used to describe warm th  
morphed stimuli
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Groups of similar 
adjectives used to  
describe dimension B
Num ber of occurrences Overall prominence 
(occurrences /  to tal)
Bright, clear, sharp 9 76%
Warm, bassy, wide, fat, 
thick, rounded
1 8%
Filtered, th in, hollow, dry 1 8%
Punchy, harsh, aggressive, 
loud
1 8%
Table 7 .1 3 -  Verbal elicitation groupings for dimension B
l Bright, clear, sharp
l Warm, bassy, wide, fat, 
thick, rounded
Filtered, thin, hollow, dry
i Punchy, harsh, aggressive, 
loud
Figure 7.12 - Bar graph showing overall prominence o f groups used to describe brightness 
morphed stimuli
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Groups of similar 
adjectives used to  
describe dimension C
Num ber of occurrences Overall prominence 
(occurrences /  to tal)
Hollow, filtered, th in, dry 4 50%
Warm, bassy, wide, fat, 
thick, rounded
3 37%
Punchy, harsh, aggressive, 
loud
1 13%
Table 7.14 -  Verbal elicitation groupings for dimension C
0.6 
0.5
Hollow, filtered, thin, dry
0.4
0 3   ■ Fat, bassy, wide, warm,
thick, rounded
q 2   ■ Punchy, harsh, aggressive,
loud
0.1
Figure 7.13 - Bar graph showing overall prominence o f groups used to describe everything 
else morphed stimuli
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Groups of similar adjectives 
used to describe dimension 
D
Num ber of occurrences Overall prominence 
(occurrences /  to tal)
Soft, smooth, gentle, slow, 
mild, quiet
10 91%
Punchy, harsh, aggressive, 
loud
1 9%
Table 7 .1 5 -  Verbal elicitation groupings for dimension D
0.9 
0.8 
0.7 
0.6 
0.5 
0.4 
0.3 
0.2 
0.1
Ü_________________________ y
Figure 7 .14 - Bar graph showing overall prominence o f groups used to describe softness 
morphed stimuli
U Soft, smooth, gentle, 
slow, mild, quiet
■ Punchy, harsh, aggressive, 
loud
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7.3.S.7 Discussion
The most prominent dimensions, based on the overall prominence values, were;
• Dimension A -  W arm , bassy, wide, fat, thick, rounded
• Dimension B -  Bright, clear, sharp
• Dimension C -  Hollow, Filtered, thin, dry
• Dimension D -  Soft, smooth, gentle, slow, mild, quiet
In dimension A, the overall prominence value for the intended attribute, warm th, is the  
largest of the groups by a good margin. However, this leading group also has the largest 
number of terms within it of any of the groups given by the independent academic.
In dimension B, the intended attribute, brightness, is again the most prominent of the  
groups, though by a smaller margin than that seen in the responses to dimension A. Also in 
the most prominent group in this dimension are found sharpness and clearness, both of 
which have been reported to be correlated to spectral centroid [57],[141]. The second 
most prominent group in this dimension also features warmth  amongst its descriptors, but 
there were no occurrences of warmth  itself amongst the listener responses to dimension B 
shown in Appendix F.
Dimension C was not intended to have a specific label, but rather to be everything except 
warmth, brightness and softness within the timbrai domain. Nevertheless, the reason for 
selecting source and target sounds with specific spectral characteristics was such that 
timbrai changes in everything except would be clearly perceivable as a change in harmonic 
ratio, correlated with hollowness. Hollowness is the most prominent group of this 
dimension, but is only more prominent by the smallest margin of any of the leading groups 
of descriptors in dimensions A, B, C and D. As with Dimension B, the second most 
prominent group in this dimension also features warmth  amongst its descriptors, but there  
were no occurrences of warmth  itself amongst the listener responses to dimension C (again 
shown in Appendix F.
Finally, dimension D, similarly to dimension A, has a very large margin between the leading 
group and the next most prominent group. This leading group includes the intended  
attribute, softness, and also has a large number of other terms. It is worth noting that the  
academic included 'quiet' within this group -  this could indicate that either the listener 
might have chosen quiet as a synonym for softness, or perhaps that the current loudness 
equalization employed was not appropriate for all listeners.
7.3.3.B Conclusions from verbal elicitation experiment
The prominence of warmth  in dimension A, brightness in dimension B, hollowness in 
dimension C and softness in dimension D indicated that listeners heard the corresponding 
stimulus sets as changing across the intended dimensions. However, the occurrence of 
other terms in each of the prominent groups means that it is possible that other timbrai
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attributes could have been varying in parallel with the intended ones. If this was the case 
then the MDS analysis would not have identified it, since MDS should identify tw o  
attributes varying in parallel as forming a single dimension. A further stage of testing is 
therefore required in order to establish for certain that the morpher is functioning exactly 
as intended.
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7.3.4 Quality Control Experiment
In the revised pairwise comparison /  MDS experiment the MDS analysis revealed that 
warmth  hybrids were perceived as varying orthogonally to other timbrai attributes in a 2-D 
tim bre space. This experiment did not allow for warmth  hybrids to be compared specifically 
to softness or brightness, thereby increasing the importance of a confident, consistent label 
for each attribute in the verbal elicitation experiment (to confirm the absence, or identify 
the presence of, any unintended perceptual overlap within the morphing algorithm).
The VPA of listeners' verbal responses provided broadly correct labels for timbrai 
movement in brightness, warmth, and softness hybrids. However, given the large number 
of terms in the leading groups for warmth  and softness, and the possible overlap in 
brightness with sharp and clear (both of which are also correlated to spectral centroid), the 
VPA alone was not enough to conclude that there is no evidence of perceptual overlap in 
the listener responses to the morpher.
A quality control (QC) experiment, similar to that utilized by Neher & Brookes [116], was 
therefore undertaken to investigate, and ideally confirm, the non-overlapping 
dimensionality of morphs in each dimension. The QC was also informed by listener 
feedback to previous experiments requesting the use of real world stimuli, with the  
intention of assessing the morpher's ecological validity with such sounds. These signals 
were not used in the preceding experiments used to evaluate the warmth  morpher, in 
order to maintain parity with the brightness and softness experiments.
7.3.4.1 Aims
The QC experiment aims to:
1) ensure that no additional changes are perceived when morphing each of the  
chosen timbrai attributes;
2) determ ine whether the multiple terms found in each leading group of the verbal 
elicitation test are synonymous with one another -  if listeners are prompted with a 
given descriptor, yet feel the need to add additional terms, then the existing 
label(s) are probably not synonymous with the intended attribute, indicating an 
unintended perceptual o v e r la p -; and
3) confirm the ecological validity of the tim bre morpher by testing it on real world 
sounds.
7.5.4.2 Experiment Overview
Listeners were presented with a stimulus set comprising pairs of source and hybrid signals. 
The intended descriptor corresponding to each pair was given to listeners, and they were  
invited to comment on the given descriptor, either corroborating, elaborating, or 
contradicting the descriptor for each timbrai dimension.
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7.3.4.S Stimulus set
The stimuli for this experiment included both the morphed sawtooth and triangle wave 
sounds of the pairwise and verbal experiments, to satisfy QC aims 1 and 2, and real world 
morphed sounds, to satisfy QC aim 3. The selection of the real world source signals was 
informed by an acoustic analysis of a variety of sounds to create the shortlist shown in 
Table 7.16. The initial list of sounds was compiled with the intention of selecting from a 
variety of popular monophonic musical instrument samples, including string, brass, wind, 
and percussion sounds, although many other sounds could also have been shortlisted (for 
example, a piano might contribute soft, warm, or br/gAt timbres, as might various 
percussive instruments). In order to be shortlisted, sounds that, to the experimenter's ear, 
exhibited one timbrai characteristic more strongly than all others were selected, in order to 
test the morpher as fully as possible.
Sound Bright W arm Soft Hollow Notes
Electric
Guitar
X X X Some even order distortion for 
increased number of upper harmonics 
w ithout hollowness. Played on a 
higher note to avoid warm th in lower 
harmonics, with a pick to have fast 
attack.
Bass Guitar X X X Picked with plectrum to have fast 
attack
Trombone X X X Described as 'soft with few  overtones' 
[47],[142], a trom bone played with a 
slow attack on a high note should 
avoid warmth  and brightness
Organ X X X W ith stops to avoid even harmonics
Table 7 .1 6 -  real world sound shortlist. ‘X ’ indicates that a given sound does not strongly 
exhibit the indicated timbrai attribute
The full stimulus set, including synthesised source and target sounds, is shown in Table 
7.17.
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Stimulus Source Sound Target Sound M orph Type
1 EG Tr Softness
2 EG BG W arm th
3 EG Or Hollowness
4 BG EG Brightness
5 BG Or Hollowness
6 BG Tr Softness
7 Tr EG Brightness
8 Tr Or Hollowness
9 Tr BG W arm th
10 Or Tr Softness
11 Or EG Brightness
12 Or BG W arm th
13 Saw Tr!25O Brightness
14 Saw Tr!25O W arm th
15 Saw Tr!250 Hollowness
16 Saw Tri250 Softness
17 EG N/a N/a
18 BG N/a N/a
19 Tr N/a N/a
20 Or N/a N/a
21 Saw N/a N/a
22 Tri250 N/a N/a
Table 7 .1 7 -  Complete stimulus set for Quality Control experiment. EG represents the 
electric guitar sample, Tr the trombone, O r the organ, and BG the bass guitar. Saw  and  
Tri250 are the sawtooth source signal and triangle with soft attack envelope from previous 
experiments. 1 7 - 2 2  are unmorphed signals used in the left hand column of the listening 
test interface (see Figure 7.15).
7.S.4.4 Listener interface
The experiment interface was again designed in Max/MSP and presented in a similar 
environment with the same Sennheisser HD650 circumaural headphones as previous 
experiments.
Listeners were presented with a paired comparison, and asked whether they agreed with  
the intended timbrai descriptor, as shown in Figure 7.15. Listeners were instructed as 
follows: "Compare the tw o sounds in each numbered pair. If you feel that the timbrai label 
assigned to describe the change from the left to right stimulus is incorrect or incomplete, 
please enter as many alternative or additional descriptors as you wish."
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Compare the two sounds in each numbered pair. If you feel that the timbrai label assigned 
to describe the change from the left to right stimulus is incorrect or incomplete, please 
enter as many alternative or additional descriptors as you wish. Thankyou!
Q |  o Softer
r  2 r Warmer
C 3 □ Hoi lower
G 4 B Brighter
G 5 0 Hoi lower
G 6 G: Softer
Ü 7 B Brighter
G 8 c Hoi lower
c  9 B Warmer
B,0B Softer
B" B Brighter
B120 Warmer
B1sOBrighter
B 14 c Warmer
B,5B Hoi lower
B160 Softer
Figure 7 .1 5 -  test interface for quality control stage.
7.3.4.S Listening panel
Listeners who had undertaken previous experiments were not invited to take part, to avoid 
bias or pre-suggestion which might be caused by previous experience with the stimulus set. 
10 listeners, 1st year audio engineering undergraduate students with some experience of 
critical listening undertook the test. Each listener was invited to repeat the test after a 
short break, to provide a reference for the evaluation of listener consistency, if required.
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7.3.4.6 Results
The complete set of listener responses is shown in Table 7.18. There were 6 additional 
responses amongst a total of 166 responses. This could be interpreted as a ~4%  
disagreement with the allotted timbrai descriptors. Of that 4%, none of the original 
descriptors was removed. All of the 6 additional descriptors are directly related to loudness 
(i.e. "louder" or "quieter").
Stimulus
Row
Source Sound Target Sound M orph Type New  or additional 
Responses
1 EG Tr Softness
2 EG BG W arm th
3 EG Or Hollowness
4 BG EG Brightness
5 BG Or Hollowness Quieter (2)
6 BG Tr Softness
7 Tr EG Brightness
8 Tr Or Hollowness
9 Tr Tr W arm th Louder (1)
10 Or Tr Softness
11 Or EG Brightness
12 Or BG W arm th
13 Saw Tri250 Brightness Quieter (1)
14 Saw Tri250 W arm th
15 Saw Tri250 Hollowness
16 Saw Tri250 Softness Louder (2)
Table 7 .1 8 -  listener responses elicited by QC experiment
The repeat listener results (each listener was asked to repeat the experiment after a short 
break) are shown in Table 7.19. There were 7 additional responses of 167 total responses, 
again a ~4% disagreement with the allotted timbrai descriptors. Again, none of the original 
descriptors were removed, and the additional responses comprised only loudness related  
descriptors.
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Stimulus
Row
Source Sound Target Sound M orph Type New  or additional 
Responses
1 EG Tr Softness
2 EG BG W arm th Louder (1)
3 EG Or Hollowness
4 BG EG Brightness
5 BG Or Hollowness Quieter (2)
6 BG Tr Softness
7 Tr EG Brightness
8 Tr Or Hollowness
9 Tr Tr W arm th Louder (1)
10 Or Tr Softness
11 Or EG Brightness
12 Or BG W arm th
13 Saw Tri250 Brightness Quieter (2)
14 Saw Tri250 W arm th
15 Saw Tri250 Hollowness
16 Saw Tri250 Softness Louder (1)
Table 7.19 -  listener responses elicited by Q C experiment repeat
On comparing each of the listeners that had given additional responses, listener 5 and 
listener 7 in the initial results, and listener 3 and listener 5 in the repeat results, it became 
clear that these listeners were not consistent in their additional responses, suggesting that 
the loudness discrepancies were very small. Nonetheless an improved loudness 
equalisation procedure would be useful further work. However, since loudness, by 
definition, is not a timbrai attribute, these results indicate that no additional timbrai 
changes were perceived.
179
7. Morphing a Third Timbrai Attribute
7.S.4.7 Conclusions from the QC experiment
The quality control experiment showed that no unintended timbrai changes were 
perceived when morphing the range of included timbrai attributes, brightness, warmth, 
and softness. The large number of terms found in the leading groups in the verbal 
elicitation experiment can be considered synonyms for the intended attributes, as reliable 
listeners introduced no additional attributes. The experiment also confirmed that the  
algorithm is ecologically valid and functions on real-world sounds.
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7.4 Conclusions
The third attribute to be included in the morpher needed to satisfy the requirem ent that it 
should exhibit some amount of overlap with one of the previously morphed attributes, 
softness and/or brightness. Four possible attributes which fulfilled this criterion were  
investigated, thickness (correlated to spectral bandwidth and ratio of harmonic content 
and noise in attack onset), warmth  (correlated to spectral centroid, slope, and ratio 
between first three harmonics and total energy), clearness (correlated to the 2nd harmonic 
and a decrease of spectral bandwidth and centroid), and heaviness (correlated to  the ratio 
of noise and harmonic content, and spectral slope).
Warm th  was selected as the third attribute on the basis that it was readily perceivable and 
exhibited a strong correlation to its known acoustic correlates in an informal listening 
experiment.
A routine for selectively manipulating warmth  was proposed, such that a blanket spectral 
region between the lowest fundam ental frequency and a multiple of 3.5 thereof could be 
selectively amplified or attenuated in order to increase or decrease perceived w arm th by 
manipulating spectral centroid, spectral slope, and the amplitude of the first three  
harmonics (or, in an inharmonic tone, a spectral area performing a similar timbrai role). 
The fourth suggested acoustic correlate, inharmonicity, was not implemented as some 
research already disproved this suggested correlation.
By using a combination of morphing processes, a complete system was designed to  
compensate for any unwanted movement in brightness that might be caused by morphing 
warmth. It was anticipated (and later proven) that warmth  morphing would not cause any 
unwanted change in softness, due to its temporal, rather than spectral, acoustic 
correlation. Fourteen possible morph types could be generated by the warmth, brightness, 
and softness morphing processes.
The increased number of morphable attributes created a knock-on effect when specifying 
suitable listener testing following the previously tested MDS-VPA procedure. This 
suggested that limiting the number of dimensions per listening test would be prudent, to  
aid interpretability of results, and to avoid listener fatigue.
To this end, the first experiment was presented to listeners as a series of four pairwise 
dissimilarity experiment steps, each step evaluating warmth  against one of the other 
possible timbrai attributes. Contradictory tim bre spaces, combined with poor/abnorm al 
statistical indicators, indicated problems with this initial approach. The dataset of listener 
responses to each step was subsequently expanded by the addition of responses from  
other steps in the experiment, such that each comparison compared three attributes, but 
MDS re-analysis again indicated problems.
The pairwise dissimilarity experiment was then revised, such that warmth  stimuli w ere  
compared with everything and everything else apart from  warmth. This method lacked the
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advantage of evaluating one attribute against another (in particular warmth  and 
brightness), but was still capable of demonstrating whether the new attribute had been 
morphed unidimensionally. MDS analysis of listener responses to this revised experiment 
was successful. W armth  was plotted orthogonally from everything-except-warmth in a 2-D 
tim bre space.
A verbal elicitation experiment then showed that listeners perceived the orthogonal 
dimensions to be broadly as intended -  but they may have heard changes in other 
dimensions as well, as many participants used additional descriptors.
A subsequent quality control experiment showed that, apart from loudness related issues, 
there were no additional changes perceived when morphing through the range of timbrai 
attributes. The additional descriptors elicited in the verbal experiment could therefore be 
considered to be synonymous with the intended ones. The quality control experim ent also 
confirmed the morphing algorithm works with real world sounds, demonstrating its 
ecological validity. The potential for bias caused by the prescribed descriptors in the quality 
control experiment means that the prior use of the MDS-VPA based experiments is still 
essential.
Together, this combination of experiments demonstrated that independent morphing of a 
third timbrai attribute, with an acoustic correlate overlapping that of an attribute already 
included in the morpher, was possible and that the approach to timbrai morphing taken in 
this thesis, including its method for dealing with such overlap, is viable.
In the future, it should be possible to follow this revised combination of experiments to  
evaluate the inclusion of new attributes within the tim bre morpher. However, it would be 
prudent to limit the number of attributes being varied independently in the VPA and QC 
stages if many attributes are included in the morpher. This would still form a robust 
combined validation process, with MDS confirming the dimensionality, VPA confirming the 
appropriate labelling, and the QC stage highlighting any unintended overlap with other 
attributes. A summary of the full evaluation is shown in Figure 7.16
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no
yes
No
No
Yes
Nomotffy morphing 
code
Yes
no
does n =2?
Yes
/  MDS: does 2-D x, 
solution show majority oh 
Weiv Arr&ure stimuli in 
correct order, and 
broadly orthogonal to AI! 
'\a tin b u te s  except..?/
No
Yes
/Acoustic testingS 
do stimuli have 
expected physical 
properties 
\(Hz/d3,"phase)?/
Does perceptui 
spacingm 
stimulus set 
sound even?
Z  MDS: X
'does RSQ increase' 
by <0.05 for n+1 -0 
solution?: 
and Is RSQatn-D 
above 0Æ5?; and 
Is s-stress belov/ 0.1 
X  atn-D? Z
Listener testing 
(free choice 
verbal etcaation)
increase n by 1
MDS/INDSCAL 
analysis, up to 3-D
Stimulus set not as intended.
Examine scree plot and object 
spaces for additional information. 
If appropriate, modify code and/or 
stimuli as appropriate, and repeat 
_________ validation_________
Generate stimulus set 
comprised of morph new 
atrribure. morph a!! 
attributes, and morph a!! 
attributes except new 
attribute 
(at least 4 stimulus steps 
per morph type)
contti overleaf
Figure 7 .7 6 -  Summary of the complete procedure for testing a new attribute, part 1
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No
Yes
NoNew attribute 
morph successful
Yes
No
Yes
z  Quality Control 
Question: Are listener;
consistent with 
v themselves?
/Q u a lity  ControK 
'Question: Do listener^ 
add new descriptors or 
remove the intended 
^descriptors for any o f/ 
the attributes?^/
^  VPA: is the intended >  
descriptor for each attribute 
amongst the most prominent 
aroup of descriptors elicited?.
Listener testing 
(repeat quality 
control)
Listener testing 
(quality control)
remove inconsistent 
listeners, re-run QC 
 expt._______
Stimulus set not as 
intended: modify and 
repeat validation
Stimulus set not as 
intended: modify and 
repeat validation
generate additional 
stimuli with real world 
source and target 
ounds (2 stimulus step; 
per #  attributes)
Figure 7 .7 7 -  Summary of the complete procedure for testing a new attribute, cont’d
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8 Conclusions and Further Work
This chapter summarises the research and findings of this thesis. Conclusions will be 
drawn on a chapter-specific basis. The chapter will then summarise suitable avenues of 
further work highlighted by the thesis. Finally, the main research aims, which can only 
be answered by considering the work as a whole, will be discussed.
8.1 Chapter-specific summaries and conclusions
This section summarises each chapter of this thesis and reiterates their main findings. 
Key conclusions are presented as bullet-points.
8.1.1 Introduction (Chapter 1)
This chapter introduced audio and timbre morphing, and the aims of the thesis.
Audio morphing was defined as a technique for creating a hybrid sound with 
characteristics derived from both a source and target sound. It was established that in 
an audio morpher, a hybrid feature set was determined from some acoustic middle 
ground between the source and target sound, before a hybrid signal could be 
synthesized from this new feature set.
Timbre morphing was defined as a modified audio morphing system that was adapted 
to allow the user to vary individual timbrai attributes amongst the source and target 
sounds, in order to create a hybrid feature set varying from the source sound only in 
the intended timbrai attribute(s).
The main, and subsidiary research aims of this thesis were specified.
• The main research aims of this thesis were:
1) Is the concept o f a timbre morpher as a means o f manipulating a range o f 
discrete tim brai attributes between two sounds viable? How can timbre be 
morphed independently o f other sonic characteristics?
2) W hat is a rigorous, but practical way o f perceptually evaluating the 
developmental iterations o f a timbre morpher prototype, and w hat m ight 
be the best way o f evaluating a complete timbre morpher in the future?
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8.1.2 What is Timbre? (Chapter 2)
This chapter presented a summary of existing research investigating timbre and 
defined terminology used throughout the thesis {timbrai paradigm, tim brai attribute, 
acoustic correlate, and tim brai metric). Its main aim was to determ ine the most 
appropriate timbrai paradigm within which to develop a tim bre morpher. The adopted 
definition of tim bre was intended to refine existing definitions, with specific reference 
to the work documented in this thesis (I.e., the parameterisation and adjustment of the  
tim bre of single notes and individual instrument timbres), rather than to re-write or 
redefine tim bre as a whole.
Existing timbrai paradigms were grouped into 'single correlate', 'perceptual bin', 
'multiple verbal descriptor', 'multiple acoustic correlate', and 'musicological'. The 
'single correlate' paradigm was found to be useful for musicology but too simplistic a 
definition for acousticians. The 'perceptual bin' paradigm implicitly acknowledged a 
multidimensional view of tim bre, whilst defining tim bre only in terms of what it is not. 
The 'multiple verbal' paradigm was found to be useful to both musicians and 
acousticians attempting to describe tim bre with meaningful vocabulary. The 'multiple 
acoustic' paradigm quantified timbrai changes with specific acoustic correlates. The 
'musicological' paradigm was found to be an inappropriate paradigm on which to base 
the timbre morpher, as the focus of the project was to morph the timbre of individual 
sounds, rather than adjust musical performance characteristics of sounds.
In order for a paradigm to be considered appropriate for the tim bre morpher, it 
needed to: provide a multidimensional view of tim bre, within which a series of 
attributes could contribute to the overall tim bre (such that each attribute could 
subsequently be incorporated in the morpher for user control); allow for acoustic 
metrics of tim bre to inform a starting point for digital signal processing; and allow for 
meaningful perceptual labels to be used to describe any individual timbrai attributes. 
Both the 'multiple acoustic' and 'multiple verbal' paradigms fulfilled some of these 
criteria.
• An 'adapted paradigm', incorporating both verbal descriptors and acoustic 
quantification by timbrai metric satisfied all of the criteria required of a 
suitable timbrai paradigm.
A secondary aim was to determine which timbrai attrbutes should be used when 
developing and testing the tim bre morpher. A 'timbrai attribute' was defined as a 
characteristic that has been shown to contribute (in part or wholly) to listeners' 
perception of a sound's tim bre. Two types of timbrai attribute were discussed, 
'acoustic', and 'meaningful'. Examples given of acoustic timbrai attributes included 
spectral energy, attack synchroniclty, and attack centroid. Examples given of 
meaningful timbrai attributes included warm, bright, and sharp. Meaningful timbrai 
attributes were often based on metaphors or borrowed from other senses. As such, 
there could be an almost limitless number of meaningful timbrai attributes.
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• In order to create a meaningful interface for the tim bre morpher, the need for 
any chosen attributes to be 'musician friendly' was highlighted.
An 'acoustic correlate' was defined as an acoustic property, shown to correspond to a 
specific timbrai attribute. Some timbrai attributes exhibited a degree of acoustic 
overlap in their correlates. Whilst a good deal of agreement in terms of acoustic 
correlates was found, several timbrai attributes (in particular brightness, sharpness, 
clearness, warmth  and smoothness) were reported to have some degree of 
contradictory or overlapping acoustic correlation. As-yet-unreported overlaps may also 
exist.
• Attributes with duality of meaning, and w ithout known acoustic correlates or 
perceptual overlap were discounted.
• A tim bre morpher prototype should be tested with overlapping attributes to  
ensure it is capable of independently manipulating the full range of possible 
attributes in the future.
A third aim was to determ ine the usefulness to the morpher of established timbrai 
metrics. Timbrai metrics providing a mathematical estimation of perception have been 
derived for various timbrai attributes, including sharpness, sensory pleasantness, 
roughness and fluctuation strength, some of which could be considered physically 
independent. No contradictory metrics were found.
Two potential applications of the known timbrai metrics were identified: firstly, as the  
basis of acoustic manipulation to effect timbrai control and, secondly, to provide a 
'scale' on which to base the user interface of the complete tim bre morpher. The small 
range of existing timbrai metrics, however, meant that limiting the morpher to timbrai 
attributes with established metrics would be prohibitively restrictive.
• Although timbrai metrics are potentially useful, the tim bre morpher should 
also be adaptable to attributes without existing metrics
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8.1.3 Suitability of Existing Platforms (Chapter 3)
This chapter presented a summary of existing audio morphing platforms and discussed 
their adaptability to timbre morphing.
The primary aim of this chapter was to determ ine the best platform on which to base a 
tim bre morpher. The roots of audio morphing were mostly found to be in voice analysis 
and synthesis systems, particularly for bandwidth compression or speech synthesizers. 
Many systems that had been previously adapted to audio morphing varied mainly in 
their analysis or synthesis routines. Some subsequent dynamic audio morphers were  
found to have made use of time alignment and spectral smoothing, in integrated or 
automatic morphing processes to deal with tem poral misalignment. Additive analysis 
and synthesis systems were found to be the most common type of signal analysis and 
generation used by existing audio morphing platforms
Criteria for a suitable platform on which to base the tim bre morpher were established.
It was determined that a suitable platform should:
• be capable of accurately reproducing a source signal: if a user selected a "0% 
morph", the hybrid output should always be acoustically (and perceptually) 
equal to the source input;
• have readily available source code (to facilitate algorithm design and coding); 
and
• allow for individual timbrai attributes to be extracted and adjusted by means of 
their acoustic correlates.
In the case of several platforms being suitable, speed of processing and ease of use 
were considered. Source code was readily available for three of the existing platforms, 
SMS, AAM, and CM. Each was examined in order to establish which platform best met 
the suitability criteria above.
• SMS is the most suitable platform on which to base an audio morphing system 
adapted to timbrai control, as its stochastic 'residual' stage enables it to deal 
with complex or noisy signals more readily than CM. In addition, the hybrid 
output would not be compromised by spectral smoothing unlike AAM.
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8.1.4 Specifying and testing a generic Timbre Morpher (Chapter 4)
This chapter firstly determined a generic routine for adapting the SMS morpher to  
timbrai control. Secondly, the chapter established which, of various possible 
methodologies, provided the most robust and practical method with which to test the  
timbre morpher.
A routine for adapting the SMS morpher to timbrai control was proposed whereby  
specific modules are incorporated for the extraction and interpolation of the known 
acoustic correlates of a selected timbrai attribute. Three ways of tackling any 
undesirable timbrai change that might occur as a by-product of the adapted system 
were discussed.
Firstly, an automatic system was proposed, whereby an inverse morph of the  
overlapping attribute would be applied to the output, returning the hybrid signal to the  
source value in the unintended timbrai attribute. Secondly, a lookup table of acoustic 
correlates and their corresponding impact on each timbrai attribute was considered. In 
this instance, attributes with some unique acoustic correlation could then be 
compensated with an increase or decrease in the appropriate correlate as necessary, 
though this would limit possible attribute selection. Thirdly, a non-correcting 'display- 
only' system was suggested, such that the user-interface would simply indicate that if 
attribute a was adjusted by x% then attribute b would alter by y% in sympathy. The 
first system was adopted for the prototype tim bre morpher developed in this thesis.
It was determined that it would be impossible to test the tim bre morpher without 
generating some hybrid signals for listener evaluation. A complete evaluation of the  
tim bre morpher required both statistical quantification and descriptive labelling of the  
perceived changes caused by the morphing algorithm. Various experimental methods 
for quantifying or describing timbrai change within a stimulus set were documented. 
These possible methods included Multidimensional Scaling, Principal Component 
Analysis, Repertory Grid, Free Choice Profiling, and Verbal Elicitation. RGT was found to  
be a listening-test intensive method, yet of these techniques only RGT allowed for a 
statistical and verbally applicable analysis of listener responses. However, it was also 
found that MDS analysis was capable of a statistically applicable analysis, and, if 
combined with subsequent VPA in order to facilitate listener labelling of timbrai 
changes, should provide the same level of evaluation as RGT with less intensive 
listening tests. MDS can output an 'object space' showing the perceived distances 
between the stimuli tested. By labelling movement on this object space through the  
subsequent verbal elicitation, a 'tim bre space' should be created, representing the  
timbrai dimensions and direction of movement that listeners had perceived within the  
morphed stimulus set.
• A combined procedure utilizing both MDS and VPA was, in theory at least, both 
robust and practical, allowing for both statistical and descriptive analysis of 
hybrid stimulus sounds created by the morpher. This combined procedure was 
adopted as the basis for a pilot experiment.
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8.1.5 Morphing brightness (Chapter 5)
This chapter reported on the first iteration of the timbre morpher, brightness. The 
chapter evaluated whether morphing a single attribute with a spectral acoustic 
correlate was possible.
A timbrai attribute with a single acoustic correlate was preferable at the first iteration  
of the project, such that any errors in the algorithm or test procedure could be clearly 
identified at the earliest stage possible. An attribute with clear real-world applications 
was desirable. It was hoped that choosing a well-known attribute would help listeners 
in the evaluation process. It was documented that musicians and audiophiles often  
think of brightness as a measure of high frequency content and focus in a sound. An 
audio morphing system allowing control over brightness might then be useful not only 
for creative sound design, but also for mastering and restoration applications allowing 
an end user to apply the brightness of a reference recording to an older, possibly duller 
master recording. Brightness was also known to have a strong correlation to  a single 
acoustic correlate, spectral centroid.
• Brightness was selected as the most suitable first attribute for inclusion within  
the prototype tim bre morpher
• A spectral tilt was adopted as the best approach for varying brightness by 
moving the spectral centroid of the source sound towards that of the target.
The extra modules required for the algorithm to function were a spectral centroid 
calculator, a spectral centroid neutralisation stage (incorporating an iterative routine) 
and a spectral centroid tilting module (the inverse of the neutralisation stage of the  
target, applied to the source). Three types of morph where then possible: the  
brightness morphing algorithm could generate signals varying in brightness, all 
characteristics, or all characteristics other than brightness.
The brightness morpher was initially evaluated acoustically, before undergoing the  
perceptual testing procedure recommended by Chapter 4. Pairwise dissimilarity 
testing, combined with MDS analysis was found to be an effective method for 
establishing the perceptual variation created by a tim bre morpher. The VPA 
experiment confirmed that the dimensionality exhibited in the MDS analysis was as 
intended. Therefore
• A morph along a single perceptual dimension (brightness) with spectral 
correlates was possible
• The routine for selectively manipulating brightness was found to be effective, 
adjusting the spectral centroid of the hybrid towards that of the target signal 
by means of a spectral tilt.
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8.1.6 Morphing softness (Chapter 6)
This chapter expanded on the work of Chapter 5 to incorporate a second timbrai 
attribute. The new attribute was evaluated alongside the existing brightness algorithm. 
Brightness was manipulated by means of an underlying spectral correlate. A complete 
tim bre morpher should be capable of controlling attributes with spectral and/or 
tem poral acoustic correlates. Softness was thought to be correlated with tem poral and 
spectral correlates, attack tim e and inharmonicity. Therefore
• Softness was selected as the most suitable second timbrai attribute for 
inclusion in the timbre morpher.
A literature review found that the acoustic correlates of softness were imprecise, 
necessitating a preliminary experiment before algorithm design could be undertaken. 
The preliminary experiment was designed to determ ine a precise measure of the  
suggested acoustic correlates for softness, by exposing listeners to a range of stimuli 
with various attack tim e and inharmonicity values. The preliminary experiment 
established that the contribution to perceived softness of inharmonicity was negligible, 
and that, according to the listening panel
• attack tim e was found to be the sole acoustic correlate of softness.
The addition of the softness morphing algorithm to the brightness morphing system 
allowed for at least six discrete types of audio morph, including: a morph of all 
characteristics, brightness only, softness only, all characteristics other than brightness, 
all characteristics other than softness, and all characteristics other than brightness and 
softness.
MDS analysis of listener responses to the pairwise dissimilarity experiment showed 
that there were three broadly orthogonal dimensions present amongst the stimulus set 
generated by the softness/brightness/everything-else morphing algorithm. A 
subsequent VPA experiment revealed that listeners had perceived the movement along 
these orthogonal dimensions to be as intended.
• Morphing independently along tw o perceptual dimensions with attributes 
manipulated by means of underlying spectral or tem poral acoustic correlates is 
possible
• The routine for selectively manipulating softness was found to be effective, 
manipulating attack tim e by means of measuring, stretching, and re- 
interpolating the attack portion of the amplitude envelope of a source signal to  
match that of a target signal.
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8.1.7 Morphing warmth (Chapter 7)
This chapter reported on the final iteration of the tim bre morpher. A third attribute  
was coded and evaluated alongside the existing brightness and softness morphing 
system.
It was the intention that the third attribute to be included in the timbre morpher 
should include some amount of overlap with one of the existing morpher attributes. 
Four possible attributes that fulfilled this criterion were investigated in an informal 
listening experiment, thickness, warmth, clearness, and heaviness. W armth  was found 
to be readily perceivable, and exhibited a strong correlation to its known acoustic 
correlates. Therefore
• W armth  was the most appropriate choice of the known overlapping attributes 
for inclusion in the morpher
W arm th  was found to be correlated to spectral centroid and spectral slope via the 
relative amplitude of the first three harmonics and the remainder of the input signal. 
The fourth suggested acoustic correlate, inharmonicity, was discounted as some 
research already disputed this suggested correlation.
By using a combination of morph brightness, \nverse-brightness, warmth, and inverse- 
warmth  processes, the warmth  system was designed to be able to compensate for 
unwanted movement in brightness. These combined processes could generate 
fourteen possible morph types. It was anticipated that softness would not exhibit any 
unwanted perceptual overlap, though the subsequent listening tests were designed to  
confirm if this was the case by evaluating all three attributes together.
The increased number of morphable attributes created a knock-on effect on listening 
test duration due to a corresponding increase in stimulus set sizes, when considering 
listener testing according to the previously tested MDS-VPA procedure.
• The number of dimensions per listening test should be capped, to aid 
interpretability of results, and avoid listener fatigue.
An initial pairwise dissimilarity experiment asked listeners to compare warmth  against 
each of the other timbrai attributes separately across four smaller experimental steps. 
Unfortunately this approach proved problematic.
The pairwise dissimilarity experiment was then revised, such that warmth  stimuli were  
compared only with everything and everything else apart from  warmth. This method 
lacked the advantage of evaluating one morphable timbrai attribute against another (in 
particular warmth  and brightness), but was still capable of demonstrating w hether the  
new attribute had been morphed unidimensionally. MDS analysis of listener responses 
to this revised test revealed that warmth  was plotted orthogonally from everything- 
except-warmth  in a statistically confident 2-D tim bre space.
A verbal elicitation experiment then showed that listeners perceived the orthogonal 
dimensions within the stimulus set to be broadly as intended. However, many
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participants used additional descriptors. This indicated that the VPA results alone were  
not convincing enough to conclude that there was no evidence of perceptual overlap in 
the listener responses.
This demonstrated that
• an additional quality control experiment is required as a final stage in the  
morpher evaluation process, in order to resolve any uncertainty remaining 
after the MDS and VPA stages
The quality control experiment, which asked listeners to comment directly on any 
problems they perceived with the intended morph, found that there were no 
additional timbrai changes perceived when morphing through the range of timbrai 
attributes. By incorporating 'real-world' source and target signals (rather than synthetic 
tones) the quality control experiment also demonstrated the morpher's effectiveness 
with such signals. Thus:
• a tri-stage evaluation procedure, comprising MDS, VPA, and QC, is a suitable 
method for evaluating new attributes within the tim bre morpher; the MDS 
stage should involve pairwise comparisons between the new attribute, all 
attributes together, and all attributes except the new one.
The experiments in Chapter 7 demonstrated that the tim bre morpher was adaptable to  
a timbrai attribute with overlapping acoustic correlates, as well as to attributes with  
spectral and tem poral correlates. It could then be concluded that
• The routine for selectively manipulating warmth  by means of amplifying or 
attenuating a blanket spectral region was effective
• Warm th, Brightness, and Softness can each be adjusted independently by the  
complete tim bre morphing algorithm
• A complete tim bre morpher, with a full range of attributes in the adapted 
paradigm, can be considered a possibility for further work
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8.2 Main research aims
The main research questions of this thesis can now be answered:
• Is the concept o f a timbre morpher as a means o f manipulating a range o f 
discrete tim brai attributes between two sounds viable? How can timbre be 
morphed independently o f other sonic characteristics?
(developing the timbre morpher)
A prototype system, morphing selected timbrai attributes independently of other sonic 
characteristics was developed and tested, showing that a tim bre morpher, as a means 
of manipulating a range of discrete timbrai attributes, is a viable concept.
Although currently limited to single note instrument timbres, this concept has exciting 
real-world applications. For example, a mix engineer compiling an album from  
multitrack material might use the warmth  morphing algorithm to ensure consistency in 
an individual instrument track, such as the bass, across the album, regardless of 
whether the tracks themselves were recorded with complete consistency. This 'proof 
of concept' also confirms that in the future an implementation of a system morphing 
the tim bre of full multichannel recordings should be possible -  meaning that a 
mastering engineer, tasked with revitalising a back-catalogue of 2nd or 3rd generation 
analogue recordings, might be able to bring the finished brightness-morphed remasters 
to comparable modern levels without increasing unwanted noise (such as tape hiss or 
the like).
A windowed frequency-domain analysis system can be used to analyse, quantify, and 
adjust timbrai attributes independently of one another, by selective manipulation of 
each given attribute's spectral or tem poral correlates, thereby creating a hybrid feature  
set somewhere between the source and target analyses. Additive synthesis can then  
generate an output signal from the hybrid feature set. By combining stochastic and 
deterministic signal representations, processing tim e when generating complex output 
signals can be considerably improved over that required by a purely deterministic 
approach.
SMS was a system originally designed for speech morphing, and it is likely that if future  
researchers wished to apply this work to additional 'real-world' applications, the 
system would bear up well with dry, monophonic, pitched sounds. However, as the 
discussion of tim bre which comprises Chapter 2 of this thesis indicates, there are a 
great many possible 'special cases' and unusual characteristics which might also 
reasonably comprise timbre. It is unlikely, for example, that this system would cope 
well with source or target sounds recorded in particularly reverberant environments 
(which the prototype system was never designed to cope with, having explicitly 
excluded spatial characteristics from the stance on tim bre adopted by this thesis).
SMS was not the only platform that fulfilled the basic criteria for platform selection, 
and indeed exhibited various shortcomings, such as slow processing tim e, and 
extremely large file sizes, which might be improved upon by the im plementation of the
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morpher in a new platform, now that the concept of individual timbrai control has 
been proven. Suitable platforms for future work might include purely additive systems 
(recent advances in additive synthesis have shown radical improvements in additive 
synthesis processing tim e) [145], or wavelet based systems, but in either case a 
practical review of the current state-of-the-art would be advisable.
• W hat is a rigorous, but practical way o f perceptually evaluating the
developmental iterations o f a timbre morpher prototype, and what m ight be 
the best way o f evaluating a complete timbre morpher in the future?  
(evaluating the timbre morpher)
A tri-stage experimental procedure provides a rigorous and practical way of evaluating 
prototype and future tim bre morphers. Acoustic measurement is a comparatively 
quick way to informally evaluate the effectiveness of the signal processing code, 
affording the experim enter an opportunity to make any necessary adjustments before 
undertaking the first stage of listener testing.
The first stage requires pairwise perceived dissimilarity comparisons to be made 
between elements of a stimulus set produced by morphing a source signal towards a 
target in 3 separate intended directions: (i) the timbrai attribute under test, (ii) all 
timbrai attributes together, (iii) all timbrai attributes except that under test, together. 
The stimulus set should comprise four morphed stimuli in each of these three  
directions, together with the unmorphed source. An MDS analysis of the resulting 
dissimilarity ratings is then used to reveal the perceived dimensionality of the stimulus 
set, and the relative positioning of each stimulus compared to each other in a tim bre  
space illustrating that dimensionality. In the tim bre space, stimuli which have been 
morphed in terms of the attribute under test should be positioned orthogonally from  
morphs of 'all attributes except that under test', with an 'all attributes together' morph 
positioned broadly in between.
The second is intended to confirm the labelling of the perceptual movement in the  
stimulus set. Listener responses are analysed by VPA to find the most prominent 
descriptor, or group of descriptors, used to describe each dimension (specifically the  
new attribute, and all other attributes).
The third, QC stage, confirms that there is no unintended perceptual changes 
overlapping with the intended ones, by inviting listeners to use as many additional 
descriptors as they wish to confirm or contradict the descriptor indicated by the VPA. 
The complete tri-stage procedure is illustrated in Chapter 7, Figure 7.16.
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8.3 Further work
This section documents caveats and areas for further work highlighted by this thesis.
8.3.1 Speed of operation
Computationally, the tim bre morpher is fairly slow, at approximately 3-6% of real tim e  
(a 2 second hybrid typically takes between 30-60 seconds to process, depending on the  
amount of morphing and input signals). By combining streamlined code, in particular 
the iterative calculations involved when determining neutral spectral centroid values, 
the platform should ultimately aspire to real tim e operation, to facilitate applications 
such as DJ/broadcast playout and live music performance (see Chapter 2). Real tim e  
operation should be possible in the future, when streamlined code can be combined 
with look ahead tim e and faster machine processing.
8.3.2 Incorporation of additional attributes
It would be useful, and desirable, to expand the tim bre morpher by the inclusion of 
additional attributes. A comprehensive tim bre morpher should be able to afford the  
end user control over a wide range of desirable attributes (see Chapter 1). To that end, 
it would be useful if further work incorporated an attribute with multiple acoustic 
correlates, as the findings of the preliminary experiment in Chapter 6 established that 
softness, at least with the chosen source and target sounds, had a single correlate (as 
did the other attributes incorporated in the prototype morpher, brightness and 
warm th). Any further attributes that are to be included should fall within the  
specification of the adapted paradigm -  the literature review in Chapter 3 found a 
range of attributes which already fall within the adapted paradigm, or could be moved 
into it by further testing, such as richness, fullness etc. The tri-stage procedure for 
evaluation of new attributes, as proposed and evaluated in Chapter 7, should prove a 
useful basis for any such experiments (rather than the preceding methodologies 
piloted and evaluated in Chapters 5 and 6).
8.3.3 The adapted paradigm, its attributes, and acoustic correlates
The adapted paradigm should be expanded to include as many timbrai attributes as 
possible to facilitate their inclusion (if desired) within the morpher in future. The range 
of attributes with known metrics (or agreed acoustic correlates) is currently somewhat 
small, and the documented correlates have been found in some cases to be inaccurate. 
Specifically, the documented correlation of inharmonicity to perceived softness 
investigated in Chapter 6, and the documented acoustic correlates of thickness, 
clearness, and heaviness informally investigated in Chapter 7. Each of these attributes  
should be investigated further to establish their complete acoustic correlation across a 
wide range of input signals, particularly as they did not behave as expected in the  
informal experiments that preceded the coding of softness, and the selection of 
warm th  as the third timbrai attribute for inclusion in the morpher. Further to that
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work, a complete list of timbrai attributes and acoustic correlates within the adapted 
paradigm would be useful. This could be derived by quantifying further related timbrai 
attributes with acoustic metrics, or by reducing the range of descriptors to a number of 
acoustically independent attributes, and perhaps a range of further attributes that 
exhibit a degree of acoustic overlap. The degree of acoustic overlap in the range of 
further attributes could then also be quantified, allowing for the development of a 
hierarchy of timbrai attributes within the adapted paradigm.
8.3.4 Investigating and manipulating complex acoustic correlates
In order to establish whether the morpher could function with tem porally correlated 
acoustic attributes, the softness morphing system utilized a simplistic notion of attack 
envelope. Complex attack envelopes, found either in unusual source signals, or perhaps 
in dedicated acoustic correlates, would require a more robust onset detection 
algorithm. The implementation of such an onset detection algorithm should therefore 
be considered for further work. Similarly, the warmth  morpher might not function as 
expected if faced with a source or target signal with no clear fundamental, or one 
containing significant noise-like energy at a lower frequency than its fundamental. 
Developing an approach that would be applicable to these special-case signal types 
would therefore be worthwhile.
8.3.5 Loudness equalisation
The VPA results often revealed that listeners perceived loudness variations amongst 
the experim enter equalized stimulus set. Ideally, a universal and robust loudness 
equalization procedure should be developed and incorporated within the morpher, 
such that loudness would not be affected by any of the timbrai variations which the  
end user might wish to apply.
197
Appendix A
Appendix A -  Devising a ‘neutral’ 
spectral centroid______
Table A .l shows the neutral spectral centroid and the analysis of music samples used to  
calculate it, as discussed in Chapter 5. All files were stereo, 44.1kHz, 16 Bit PCM wave 
files. Note that the neutral value has no special significance other than as a convenient 
processing step.
Recording Analysed Spectral Centroid
Andy Williams -M usic  to watch girls by 3195 Hz
Athlete -  El Salvador 4199 Hz
BB K in g -Ten  Long Years 3096 Hz
The Beatles -  Tom morow Never Knows 3915 Hz
The Clash -  London Calling 3257 Hz
Curtis Mayfield -  Superfly 3702 Hz
Radiohead -  Paranoid Android 3457 Hz
M ozart -  Symphony no 29 in A 2234 Hz
G o rrilaz - Dare 5223 Hz
mean = 3583 Hz
Table A. 1 -  table showing spectral centroids of audio recordings analysed to generate a 
mean, used as a neutral spectral centroid for the brightness morphing algorithm
198
Appendix B
Appendix B -  Signal flowchart of 
a timbre morpher______________
The complete tim bre morpher, including every sub-routine, is shown in this appendix. 
Various sub-routines have been repeated from the specific chapters in which they first 
appeared in order to present the complete signal flow in a consecutive order.
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User inputs:
^  Start ^
i i i
input 7  /  Input 7  /  Select 7  /  Input % 7
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Figure B.1 -  Signal flow overview of timbre morpher
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Figure B.2 -  ‘Analyse’ sub-routine
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Figure B.3 -  ‘Extract’ sub-routine
202
Appendix B
/  input % 7
—f  morph /  
/  required /
Select 7  
attribute /  
to morph /
source 
"feature set* 
containing 
sinusoid tracks 
4- residual shape
Interpolate
brightnesst brightness? V -  yes
no
Interpolate
tvarmth timbra! attribute 
values (A)
target 
■feature set* 
containing 
sinusoid tracks 
+ residual shape
softness? -  yes
everything? ^  yes i> timbrai attribute 
values (B)
Interpolate
<n'e/ym/ng...
everythmig
e/se?
J everything else morph 
i achieved through combination 
Jo? morph everything sub-process and 
«subsequent compensate sub-process
any further 
morphing 
required?
J e.g., if a brigtmiess 
« and softness morph 
J has been selected
— yes
interpolated 
feature set
Figure B A  -  ‘Interpolate’ sub-routine
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Figure B .5 -  ‘Interpolate Brightness’ sub-routine
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Figure B .6 -  ‘Interpolate Warmth’ sub-routine
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Figure B .7 -  ‘Interpolate softness’ sub-routine
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Figure B .8 -  ‘Interpolate Everything’ sub-routine
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Figure B .9 -  ‘Compensate’ sub-routine
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Figure B .1 0 -  ‘Synthesise’ sub-routine
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Appendix C -  Brightness, 
Softness and Warmth Stimuli
Selected spectral plots of the stimuli from Chapter 5, Chapter 6, and Chapter 7 can be 
seen in this Appendix. These figures illustrate the change in spectral makeup that 
occurs in hybrids of brightness, everything, and everything else, between a sawtooth 
source and a triangle target. Spectral plots have been scaled in both frequency and 
amplitude, in order to aid comparison between figures, and therefore some figures do 
not illustrate the complete signal (all stimuli were bandwidth limited to 4 kHz and 
feature up to 20 partials).
All spectral plots show 0-1000 Hz on the horizontal axis. Module [V] is the vertical axis 
label, denoting a reference value of 1 dBV.
Selected spectrograms of the stimuli from Chapter 6, and Chapter 7, are also shown in 
this Appendix. These figures illustrate the change in tem poral makeup that occurs in 
hybrids of softness, everything, and everything except softness from a sawtooth source 
with an instantaneous attack, to a triangle target wave with a longer attack tim e. 
Spectrograms have been scaled in frequency and tim e in order to aid comparison 
between figures, and therefore these figures are not illustrations of the complete 
hybrid.
Spectrograms show 0-2000 Hz over 250ms. Amplitude is denoted by colour saturation 
and lightness, from black (lowest amplitude) to white (highest amplitude), as shown in 
the key included with Figure C.12.
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Module
0 .88-
0 . 7 5 -
0 .5 0
0 . 1 3 4
0 .5 0 0 .6 3 0 .7 5 0.880 .3 80 .1 3
Figure C.1 - Spectral plot of the source stimulus, a synthesised sawtooth wave with a 
fundamental of 100 H z and both odd and even harmonics. Note the number, position, 
and relative strength of each harmonic.
Module
0 . 8 8 4
0 . 5 0 —
0 . 3 8 -
0 . 2 5 -
1.000 .6 30 .3 8 0 .5 0 0 .7 5 0.880 .1 3 0 .2 5
Figure C .2 - Spectral plot of target signal, a synthesised triangle wave containing only 
odd harmonics, with a fundamental of 100 Hz. Note the number, position, and relative 
strength of each harmonic.
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0 . 7 5 -
0 . 3 8 -
0 . 1 3 -
0 .7 5
Figure C .3 -  Spectral plot of a B30 hybrid. Even at this zoom, the relative level change 
between this figure and subsequent brightness-on/y morph plots is difficult to read, 
therefore a reference value has been measured on the 3fd harmonic to assist the reader.
M odule
0.884
0 . 7 5 4
0.31 kH z. 0 .3 8 V
0 . 2 5 4
0 .6 3  0 .7 5  0 .8 8 1.000 .3 8 0 .5 00 .1 3 0 .2 5
Figure C.4 - Spectral plot of a B60 hybrid. Even at this zoom, the relative level change 
between this figure, Figure C.3 and Figure C .5 is difficult to read, therefore a reference 
value has been measured on the 3rd harmonic to assist the reader. Note the gradual 
decrease in energy in the upper harmonics.
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1 .00-1
0.75-i
0.63-i
0.31 kHz, 0.36V0 .38 -
0 .13 - cr<y
1.000.13 0.38 0.50 0.63 0.75 0.88
Figure C .5 -  Spectral plot of a B100 hybrid. Again, note the reference value on the 3rd 
harmonic to assist the reader, and gradual decrease in harmonic amplitude towards that 
of the triangle target wave.
Module [V]
1.00-1
0.884
0.634
0.384 x
0.16V c
CD
1.000.38 0.50 0.63 0.880.13 0.25 0.75
Figure C .6 - Spectral plot of an EESB30 (also EEB30, EES30, and EESBW 30) hybrid. 
Here, a reference value has been plotted on the 4th harmonic to assist the reader in 
comparing the change through the subsequent hybrids illustrated in Figure C .7  and  
Figure C.8
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Module [V]
1.00 -!
0 .88 -
0 .75 -
0 .63 -
i
c
03
0 .13-
JV
0.50 1.000.38 0.63 0.75 0.880.13
Figure C .7 -  Spectral plot of an EESB60 (also EEB60, EES60, and EESBW 60) hybrid. 
Again, a reference value has been plotted on the 4th harmonic to assist the reader in 
comparing the change with the previous hybrid in Figure C.6, and the subsequent hybrid 
illustrated in Figure C.8. Note the decrease in even harmonic amplitude, moving towards 
the harmonic structure of the triangle target, whilst maintaining the overall spectral slope 
of the sawtooth source.
Module [Vj
1.00 -
0 .88 -;
0.63-i
0 .38 -
0.25
cr
0.40j?Hz,XpiV
0 .0 0 - M
0.00 1.000.38 0.50 0.63 0.75 0.880.13 0.25
Figure C .8 -  Spectral plot of an EESB100 (also EEB100, EES100, and EESBW 100) 
hybrid. The decrease in even harmonic amplitude has now moved the signal almost 
completely to the harmonic structure of the triangle target, whilst maintaining the overall 
spectral slope of the sawtooth source. Note also that due to post-morphing loudness 
equalisation, although the even harmonics are now almost completely removed, the odd 
harmonics appear to have slightly larger amplitudes than the same harmonics in the 
source signal
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Vlodule [V]
1.00 -
0 .88-1
0.754
0 .63 -
0 .50 -
0 .38 -
0 .25 -
0 .13 -
0.75 0.880.38 0.50 0.630.13
Figure C .9  - Spectral plot of an E30 hybrid. All upper harmonics of the sawtooth wave 
are gradually being attenuated towards the amplitudes of those in the triangle wave.
module [V]
1.00 -
0 .88—
0 .75-
0 .63 -
0 .50 -
0.134
0.880.38 0.50 0.63 0.750.13
Figure C . 1 0 -  Spectral plot of an E60 hybrid. All upper harmonics of the sawtooth source 
are gradually being attenuated in this hybrid towards the amplitudes of those in the 
triangle target, and even harmonics in particular have undergone considerable 
attenuation towards the harmonic structure of the triangle target
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Module
1 .0 0 -
0 .88 -
0 .75 -
0 .63 -
0 .50 -
0 .3 8 -
0 .25 -
0.13 c r
U_
O.OO-i
0.00 1.000.75 0.880.50 0.630.380.250.13
Figure C .11 - Spectral p lot o f an E 100 hybrid. The frequencies and amplitudes of all 
harmonics in the hybrid now broadly represent those o f the target triangle wave.
Frequency [kHz2 .0 0 -
1 .50 -
1 .25 -
1 .00 -
0 .75 -
0 .50 -
0 .25 -
Figure C. 12 -  Spectrogram o f S1 (sawtooth source with 5ms attack)
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2 .0 0 -
1 .75 -
1 .50 -
1 .2 5 -  
1 .0 0 -  
0 .75 -  
0 .50 -  
0 .25 -
O.OO-i i i i i i i i i i i
0 25  50  75 100 125 150 175  200  225  25
Figure C. 13 - Spectrogram of S50 hybrid. Note slower attack envelope.
2 .00 -
1 .75 -
1 .50 -
1 .25 -  
1 .0 0 -  
0 .75 -  
0 .50 -
0 .2 5 -
0 .0 0 - r  i i i i — i— i i i i i
0  25  50  75 100 125  150  175  200  225  250
Figure C.14 -  Spectrogram o f S 100 hybrid. Note dynamic change o f amplitude whilst 
maintaining spectral structure in number and amplitude of partials
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2 .00 -
1 .50 -
1 .25 -
1 .0 0 -
0 . 75 -
0 .50 -
0 .25 -
O.OO-i
Figure C.15 -  Spectrogram o f ‘so ft’ triangle target. Note no odd partials in spectral 
structure as well as attack envelope
Module [\T
1 .0 0 -
0 .88 -
0.75
0.63
0 .5 0 -
0 .38 -
0 .25 -
0 . 13 - c rCD
_ =  LL 
1.00
W
0.00-1
0.00 0.880.50 0.63 0.750.380.250.13
Figure C.16 -  Spectral p lot o f the source signal used in the ‘warmth’ experiments -  note 
amplitude equalisation
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1 .0 0 -
0 . 8 8 -
0 .75 -
0 .63 -
0 .50 -
0 .3 8 -
0 .25 -
0 .13 -
O.OO-i
25
Figure C.17 -  Spectrogram o f source signal used in ‘warmth’ experiments
1 i00  M o d u le M
0 .68 -
0 .75 -
0 .63 -
0 .50 -
0 .3 8 -
0 .25 -
0.13
O.OO-i
0.00 1.000.880.63 0.750.500.380.250.13
Figure C.18 -  Spectral p lot o f E 100 hybrid stimulus from ‘warmth’ experiments, note 
similar harmonic shape to target triangle wave
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1 .0 0 -
0 .8 8 -
0 .75 -
0 .63 -
0 .3 8 -
0 .13 -
i— "— r  
175  200
T "  I
225  250
Figure C.19 -  Spectrogram of E 100 hybrid stimulus from ‘warmth’ experiments
Module [V;
1 .50 -
1 .25 -
1 .0 0 -
0 .75 -
0.50
0.25
c r
1.000.38 0.50 0.63 0.75 0.880.13 0.25
Figure C.20 - Spectral p lot o f W100 hybrid stimulus from ‘warmth’ experiments
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Frequency [kHzj
1 .0 0 -
0 . 88 -
0 .75 -
0 .63 -
0 .50 -
0 .3 8 -
0 . 2 5 -
0 .13 -
O.OO-i
Figure C.21 - Spectrogram o f W100 hybrid stimulus from ‘warmth’ experiments, note 
5ms attack onset
Module
1 .0 0 -
0 . 88 -
0 .75 -
0 .63 -
0 .50 -
0 .3 8 -
0 .2 5 -
0 .13 - c r
u_
1.000.50 0.63 0.75 0.880.380.250.13
Figure C.22 - Spectral p lot o f EeSWBWO hybrid stimulus from ‘warmth’ experiments
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Figure C.23 - Spectrogram o f EeSWBWO hybrid stimulus from ‘warmth’ experiments
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Appendix D -  Verbal experiment 
responses from Chapter 5_______
Listeners responses to the Chapter 5 verbal elicitation test are shown here. Listeners 
were sent the source sounds with the following instructions:
Please listen to the firs t set o f attached sound files (a. wav/b. wav/c. wav) on decent 
quality, open backed headphones. Try to pinpoint w hat you think is changing between  
the sound files, and note it down. Then listen to the next set (l.w av , 2.wav, 3.wav). 
Again, try to describe the difference between them, or w hat (if anything) is changing.
Listener responses
1. Mastering Engineer, London. Male, Age 29
"A is round, and fu ll bodied. B seems to have a lot more mid to it than A. It  lacks 
HP. B appears to be louder, feels like it has a distorted M id  section to it. Sounds 
like it is layering two waves. The A wave plus another one higher in pitch. C: 
Seems to be the middle ground between A and B. It  has the roundness o f A and 
a touch o f the brightness ofB  but less violent in the mid range. Less harmonic 
content in C than A o r B . 2  has a little less bottom end than 1 and appears to be 
a tad  louder in level. 3 sounds fu ller a t the lower end ( ;-) )  and appears to 
have gone through some low pass filtering. The grit o f the mid frequencies in 1 
and 2 has been overpowered by some new harmonics. The jumps between A B 
and C seem to be a lot bigger than the jumps between 1 2 and 3."
2. Mix Engineer. Male, Age 34
"A is much harsher than B o r C . C  seems to have a bass boost combined with a 
vibrato effect on the low frequencies -  is it lower in pitch? Some sort o f filte r  
muting the brightness, like Waves MaxxBass. 1 sounds the same as A to me. 2 
seems to be 1 with a low pass filte r  on it. It gives the impression that it is lower 
in pitch due to the lack o f mid and higher content. Also some phase shifting or 
something? 3 is almost the opposite o f 2. It still has the original LF content but 
it seems like it has been processed through a filte r  with a very high Q. Almost 
up to the point o f feedback/ringing to give the high pitch squeal. It  sounds quite 
squarewave-ish."
3. Mix Engineer. Male, Age 31
"A,B,C-Sounds like this some kind o f low frequency exciter, with a cut o ff 
control. I'd say it was processing the frequency domain... dullness and 
sharpness seem to be changing. 1,2,3 -  The signals get wider and also hollower. 
Sounds like the harmonics m ight be spreading out, like a combination o f stereo 
widening and distortion. I think this is stereo width and harmonicity."
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4. Mastering Engineer, London. Male, Age 30
"A is the brightest, most up fro n t signal. B is somewhere in between, with some 
o f the punchiness and brightness o f A, and C seems to be just the low frequency 
content. The sharpness o f the sound is being altered, but it would be nice to 
hear with some other signals as it's difficult to tell on a synth tone. The root 
note seems to change between 1 2 and 3. It  gets wider too. Is this changing the 
oscillator source?"
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Appendix E -  Verbal experiment 
responses from Chapter 6_____
Listener responses to the Chapter 6 verbal elicitation test are shown in Table E .l
Listener Dimension A (intended to  
be softness)
Dimension B (intended  
to  be brightness)
Dimension C 
(intended to  
be everything  
else, or 
hollowness)
1 Attack longer Layered, richer, smoother M ellower
2 Muddier Losing high notes, 
becoming baassier and 
boomier
Hardness of 
sawwave 
elem ent gets 
softer
3 Envelope getting less hard W arm er, wider. Less 
prominent.
Oscillator type 
changing
4 Strength, first sound is the  
strongest of the three
Muddier, deeper, 
envelope change. The 
sound is harder to 
describe, less obvious 
differences
Roundeness of 
saw goes
5 Smoother, attack envelope S u b tle r-e q  blend. Q  
control
Oscillator
blend
6 Attack -  slower attack Filtered; filter opens up 
to let upper harmonics 
through
Oscillation,
faster
7 Slower Duller Clarity
increasing
8 Smoothness Sharpness Openness
9 Straight, smooth sound, 
modified with filter envelope
Dull, becomes fuller with 
more high frequencies
Rich sound 
becomes 
hollow, and 
then harsh 
with a slight 
distortion
10 No difference? Punchier Gets smoother
11 Starts loud, gets softer M ore distortion Loses punch
12 Attack envelope, gentler Brighter and sharper Oscillator 
blend changes
13 Smoothness, softness Gets clearer and more HF Sounds get 
wider and 
have less 
harmonic 
content
14 Attack increase (gets slower) D ullness-saw tooth  
increase
Square
increase
15 Hard and full, softer but Full and dull, gets sharper Thin, hollow
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stays full
16 Attack tim e speed Brightness increase W idth and
depth
decrease
17 Thick, full, gets softer Vivid, bright Deep, hollow
18 Quieter dull, clearer Bare, odd
19 Slightly gentler Getting harsher by B3 Eerie?
20 Hardness decrease Dullness decrease, EQ Oscillator
square?
Table E.1 -  Listener responses to verbal elicitation experiment The intended 
‘hollowness’ label for dimension C  results from the particular input signals chosen for 
this experiment (for a detailed explanation, the reader is referred to the Chapter 5)
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Appendix F -  Verbal experiment 
responses from Chapter 7_____
Listener responses to the Chapter 7 verbal elicitation test are shown in Table F .l
Listener Dimension A 
(intended to be 
warmth)
Dimension B 
(intended to be 
brightness)
Dimension C 
(intended to be 
everything else, 
or hollowness)
Dimension 0 
(intended to be 
softness)
1 Gets fatter Upper 
harmonics 
increase, and 
gets sharper
Saw gets wider Gets softer
2 Punch, warmth Brighter, wider Harmonics
change
(harmonicity?)
Smoother (adsr 
envelope)
3 Thickness,
fatness
Hardness,
sharpness
Oscillator filter 
changing
Slower, more 
sloped in 
subsequent 
sounds
4 Bassier Harshness Roundeness of 
sawtooth goes
Gentleness
5 Low frequency 
width and 
warmth
High pass filter M odulator width 
/  cut off gets 
thinner
Quieter, softer
6 Becomes fatter 
and deeper
Clearer and 
brighter
Oscillation, faster Softer and 
smoother
7 Additional low 
boost
M ore midrage 
and high boost
W idth, becomes 
stereo
Attack tim e  
increases
8 W arm er, wider, 
thicker
Sharper,
brighter
Openness-  
focused and dry
Softer, fla tter in 
first sound
9 Boost, loudness, 
depth
Dull, medium, 
harsh
Hollow,
aggressive
Thinner, softer
10 Gets fat and 
punchy
Adds clarity and 
brightness
Less mid 
harmonics, 
overall scoop
Gets milder and 
smoother in 
envelope
Table F.1 -  Listener responses to verbal elicitation experiment. The intended 
'hollowness' label for dimension C results from the particular input signals chosen for 
this experiment (for a detailed explanation, the reader is referred to the Chapter 5)
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Glossary
AAM
Acoustic correlate
Acoustic overlap 
Adapted paradigm
Aspers
Audio Morphing 
Beating
CM
Deterministic
DSP
FM synthesis
Automatic audio morphing, a system for morphing speech 
samples based on tim e alignment and cross fading of 
smoothed spectrograms
One or more acoustic parameter(s) -  e.g. amplitude, 
frequency, phase -  which correspond to a particular timbrai 
attribute
Similarity between tw o or more timbrai attributes resulting 
from them  having similar, or the same, acoustic correlates
A multidimensional paradigm of timbre in which a range of 
timbrai attributes contributes to overall tim bre. Each 
timbrai attribute should be described by a meaningful 
descriptor and quantified by an acoustic correlate, or range 
of correlates. The most suitable timbrai paradigm on which 
to base the prototype tim bre morpher (see Timbrai 
paradigm)
A unit of roughness, with a reference value (1 asper), of a 1 
kHz tone at 60 dBSPL,frequency modulated by a 70 Hz sine 
wave with a modulation factor of one (see also beating).
A technique for creating a hybrid sound with characteristics 
derived from a source and a target sound
Auditory sensation caused by inability of the ear to resolve 
signals with frequency components that fall within one 
critical band (causes roughness, see also aspers).
Contour morphing, a system for audio morphing using 
tem poral information as the basis for its processing
In the context of SMS, refers to the peak picking /  additive 
stage of the analysis and resynthesis procedure, where the 
partial values are determined by the input signal and in 
some cases by the partial value in the preceeding fram e  
(when creating pitch tracks)
Digital Signal Processing
Frequency Modulation synthesis, a technique which can be 
used to create complex waveforms by modulating the  
frequency of a simple waveform with a second signal
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Glossary
FWF
Hybrid
LPC/ LPC Vocoder
MATLAB
MAX/MSP
MDS
Perceptual Overlap
SC
SMS
Sound hybridisation 
Source
Stochastic/Residual
T
Target
Formant wave function -  a series of amplitude-varying sine 
waves at specified form ant frequencies.
The product of an audio (or tim bre) morph
Linear predictive coding, a system for minimizing the 
number of filters needed to model speech by predicting 
filter values from a linear combination of previous values. 
See Vocoder
Mathem atical modelling software used to code each 
iteration of the prototype tim bre morpher
Object oriented programming language used for playback of 
stimulus set and listener test interface
Multidimensional Scaling (analysis) -  a statistical analysis 
technique used to explore the dimensionality in a matrix of 
dissimilarity data. In this project, a PROXSCAL/INDSCAL in 
the SPSS software package was used.
Similarity between (or equivalence of) differently labelled 
timbrai change(s)
Spectral centroid -  the centre of mass of the spectrum of a 
sound. Acoustic correlate for brightness.
Spectral Modelling Synthesis. A system for sound analysis 
and resynthesis adaptable to tim bre morphing
See audio morphing; a technique for creating a hybrid 
sound with characteristics derived from a source and a 
target sound. Often a fixed source sound, as in early 
Vocoders.
The source sound or starting point used in an audio (or 
timbre) morph. See Target
In the context of SMS, refers to the filtered noise stage of 
the analysis or resynthesis. The residual is the elem ent of 
the signal not represented by the pitch tracks/sinusoidal 
component, used to shape random noise in what could be 
seen as a subtractive synthesis style process.
The tilt value used by the spectral tilt module to neutralise 
or brightness morph a source sound
The target sound or end-point used in an audio (or tim bre) 
morph. See Source.
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Glossary 
Timbrai attribute
Timbrai control
Timbrai metric
Timbrai paradigm
Timbre
Timbre morpher 
Timbre Space 
Verbal Elicitation
Vocoder /  Voder
VPA
Y
A single perceivable and identifiable component of the 
tim bre of a sound
A user variable param eter allowing for unidimensional 
control over a timbrai attribute
A quantification of the likely intensity of a particular timbrai 
attribute in terms of the values of its acoustic correlates
A particular definition or view of timbre, potentially 
encompassing the nature, quantification, acoustic 
correlation, and description of tim bre in whole or in part. 
Several paradigms exist (see also Adapted Paradigm)
A wide reaching and variable term , for the definition of 
which the reader is directed to Chapter 2 of this thesis
An audio morphing system that allows the end user 
perceptual control of a range of timbrai attributes. See 
timbrai attribute
Graphical representation of the perceived distances 
between multiple stimuli along one or more timbrai 
dimensions
Or verbal elicitation test. A listening test protocol which 
allows the participants free reign to use the language they 
feel most appropriate to describe the elements of a 
stimulus set
Sound hybridisation system for bandwidth reduction in 
telephony, in which a hybrid sound is generated by 
combining properties derived partly from the target sound 
(the spectral envelope of speech, or tonal properties), and 
partly from the source sound (the noise being filtered).
Verbal Protocol Analysis. A technique for analysing the 
response data from verbal elicitation experiments by 
grouping terms according to similarity of meaning and then  
calculating a measure of the significance of each group
A parameter calculated by an iterative routine in the  
spectral centroid neutralisation module for brightness 
morphing, necessary to find an appropriate spectral tilt 
value regardless of source material (see Chapter 5)
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